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Dayton Clarence Miller 


AYTON C. MILLER* gave everything and 

yet had all that man could wish. Labors of 
love filled his life, and he possessed hosts of 
appreciative friends, a happy home, a long and 
successful career, the gratification of fondest 
desires and the respect of everyone. If he had 
been asked to explain his success in a few words, 
he probably would have modestly replied, “I 
have lived a long time; I loved my work and was 
always actively at it.’’ But more than time and 
action are required to explain the success of a 
teacher who, without the aid and stimulus of 
developed graduate instruction in his depart- 
ment, so succeeded in creative endeavor that he 
received five honorary degrees, two research 
medals, and election to the National Academy of 
Sciences. He was further recognized by being 
made President of the American Physical Society 
after several years as Secretary, and _ subse- 
quently President of the Acoustical Society of 
America. The truth is he had such an absorbing 
interest in the marvels of physical phenomena 
and such a mastering desire to devote the whole 
of his almost untiring energy to a better under- 
standing of the physical world and its adequate 
interpretation, that his objective was never in 
doubt. Indeed he was a model of devotion to his 
work; his fires were always burning even to the 


end. 


* Dayton C. Miller was born in 1866 and died Feb. 21, 
1941 of a heart ailment following a short illness. 
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Experimental science had a very strong appeal 
to Dr. Miller. It was not that mathematical 
theory was less interesting, but he found great 
satisfaction in ‘“‘seeing’’ Nature perform. Doubt- 
less his own manual skill, cultivated as a lad in 
his father’s workshop, gave him a familiarity 
with the concrete and powers to visualize in 
terms of it. At any rate, what could be found in 
books never satisfied him. While yet in high 
school he made three refracting telescopes, the 
last being the largest and best. Astronomy became 
his chief interest. His D.Sc. from Princeton was 
with a major in astronomy. He took also all the 
mathematics that was offered there at that time. 
Plans following his doctorate at Princeton mis- 
carried because of an unavoidable delay in the 
making of a new spectrograph, and this indirectly 
became the cause of his change to physics. 
Always alert, he found an opening at the Case 
School of Applied Science where he became an 
instructor, ready to teach astronomy, physics, 
mathematics, descriptive geometry and survey- 
ing. He always realized as fully as anyone that 
theoretical as well as experimental investigations 
are essential in physics. But through interest, 
cultivated skills and habit, his approach was 
always experimental, and he followed this way 
because it was the more effective. But this was 
only accidental, for his mind was analytical and 
different circumstances in his development could 
have produced a different approach. 
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His ability to make what he could not buy, 
his love of experiments and his unusual desire for 
helping an audience to see what he did, conspired 
to make him probably the best public lecturer 
among the physicists of this country. He gave 
over five hundred of them here and abroad and, 
from two series of these lectures, books have 
evolved. Invited in 1914 to give the Lowell 
Institute lectures, he published the revised 
material under the title, The Science of Musical 
Sounds. In December, 1937, at the Franklin 
Institute, he gave the Christmas Week Lectures 
for Young People. These have been printed sub- 
stantially as delivered under the title, Sparks, 
Lightning, Cosmic Rays. His success in lectures 
designed for the general public was partly 
because he knew that they ‘‘must necessarily 
consist in large part of elementary and well- 
known material, selected and arranged to develop 
the principal line of thought.”’ Also he was so 
deeply interested himself in elementary phe- 
nomena that his audience caught some of his 
own enthusiasm. 

Dr. Miller’s interest in acoustics was enhanced 
by his own passion for music. He early learned 
to play the flute. At his graduation at Baldwin 
Wallace University in 1886 he appeared twice 
on the program, once to deliver a lecture, ‘‘The 
Sun,” and again to play a solo on the flute. His 
most striking single contribution to acoustics 
was the proof that the characteristic vowel 

~sounds were dependent upon frequency regions 
that are independent of the pitch of the tone at 
which the vowel is sounded. These experiments 
brought a long discussion to an end. One of his 
investigations, entered upon with his character- 
istic determination and persistence, was that 
concerning the quality of tone of a gold flute. 
Presumably he thought the experiment was of 
importance because (1) such an instrument had 
never been made, (2) ‘‘by fate’’ he had chosen the 
flute ‘‘as a subject of collective endeavor,” and 
(3) there had been much discussion as to whether 
or not the quality of a gold flute would be 
noticeably different. Evidently the only way for 
him to obtain a gold flute was to make one, and 
this he did at the cost of 1800 hours of his own 
labor. He satisfied himself that there was a dif- 
ference, and in addition he had a beautiful gold 
flute for his own use. 


DAYTON CLARENCE 


MILLER 


Dr. Miller was entirely free to choose his 
research interest, and this suited his nature per- 
fectly. He wasn’t bound by the joint efforts of 
an associated group of men. He could interest 
himself in the latest discovery of the day, as he 
did with x-rays early in 1896, or he could work 
as a “lone wolf’’ in a subject into which he only 
was delving. But whatever he touched seemed, 
under his skilled hands, his critical mind, and his 
unlimited perseverance, to bear fruit. Even the 
occasion of an official address could be turned to 
advantage. In 1925 he was required to give a 
retiring address as the President of the American 
Physical Society. He chose to report on his 
studies of the unaccounted-for residue in the 
ether drift experiments. Fortunately for him the 
lecture was given before a joint session, including 
Section B of the American Association for the 
Advancement of Science. The result was that he 
carried home the annual prize of the Association 
of $1,000. In 1932 he delivered the retiring 
address of the President of the Acoustical Society 
of America under the title, ‘‘Anecdotal History of 
the Science of Sound, with Some Personal 
Reminiscences.’’ This address, somewhat am- 
plified, was printed in book form in 1935, sub- 
stituting for the latter part of the above title, 
“To the Beginning of the 20th Century.” These 
instances but illustrate how everything he 
touched seemed to prosper and to find a per- 
manent record. 

The ether drift experiments of Professor Miller 
in these latter years were actually thrust upon 
him by his own feeling of responsibility as a 
conscientious physicist. The famous Michelson 
and Morley experiment was taken up by Morley 
and Miller in 1900 and an entirely new and 
improved instrument was constructed. Circum- 
stances interrupted these experiments. Time 
passed. Einstein’s famous contributions were 
made. The Michelson and Morley ‘‘ether drift” 
experiment became more important, and Pro- 
fessor Miller began to be haunted by the 
knowledge that in that experiment, as again per- 
formed by: himself and Morley, there was a 
residue apparently not accounted for by error, 
although physicists generally became satisfied 
that the discrepancy was probably produced by 
something experimental that was overlooked. 
Dr. Miller could scarcely regard this as con- 
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clusive. He certainly did not belittle the opinion 
of those who did not agree. To him an experiment 
performed with every care was almost the most 
impressive and most reliable test. If there was a 
residue that baffled understanding, it simply 
must be studied with even greater care than 
before. The matter must be settled and he 
naturally thought that he should do it. Nine 
months were spent in 1921 on top of Mount 
Wilson in California. He was there again in 1924 
and 1925 and 1926. All these experiments left 
him with the conviction that the unexplained 
residue was not due to instrumental errors. His 
duty lay only in securing the results using all the 
skill he possessed, and thereby he fulfilled his 
obligation. 

Professor Miller had the habit of great thor- 
oughness. This extended even to his recreative 
indulgences. As already stated, he became 
interested in the flute. This led to the effort, 
“with the assistance of many friends in various 
parts of the world, to gather all available material 
relating to the flute, always proceeding critically 
and systematically, for the purpose of setting 
forth the history and development of the modern 
flute as an essential factor in the fine art of 
music.’’ It was this interest which led him to 
pawn shops and secondhand stores all over 
Europe whenever he and Mrs. Miller were on 
one of their many pilgrimages. There resulted 
five separate collections. One was of flutes and 
flute-like instruments which numbered 1400 
specimens in 1939. Another consisted of books 
and literary material relating to the flute and 
other musical instruments. Another contained 
music for the flute with 10,000 titles. Works of 
art relating to the flute was a fourth collection. 
The fifth was of portraits of flutists and com- 
posers for the flute. The collection of flutes 
became so extensive and valuable that it was 
kept in a vault in Cleveland. The catalog of 
the second collection was privately printed by 
him in 1935. At the time of his death he was con- 
centrating on the preparation of an exhaustive 
treatise on the history of the flute. 

Dayton C. Miller could have been content to 
develop merely his unusual skill as a teacher, 
allowing his heavy duties to prevent his creative 
endeavors. But his interest in physics was too 
great. Also he had had the advantage in his 
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early years of developing self-confidence through 
doing things. To forge forward seemed but 
natural. Standing still would have been un- 
natural. Fortunately he could withstand a great 
deal of punishment in hard labor. He believed 
in knowledge but regarded the creative act as of 
more interest and importance than mere learning. 
The fight he has made in creative work should 
be an inspiration to every young Doctor of 
Philosophy in physics, some of whom probably 
doubt if teaching and research should be com- 
bined. Dr. Miller never doubted, and he never 
stopped. No routine duties could deter him. The 
brilliance of another never discouraged but rather 
inspired him. He worked because he loved it. 
His spirit was indomitable. So, gradually and 
inevitably he built a distinguished career. 

One fact sheds light upon his breadth of 
interest and of activity. His investigations were 
made, as it were, in a cloister; yet in 1928 the 
Cleveland Chamber of Commerce awarded him 
its medal for distinguished public service. He was 
not without honor in his own environment. The 
esteem in which he was held by the Case School 
of Applied Science, and by Dr. Ambrose Swasey, 
who established the Swasey Professorship of 
Physics in 1927, was a credit to Case and to Dr. 
Swasey as well as an honor to Professor Miller. 

This account would not be complete without 
the mention of the constant interest and helpful- 
ness of Mrs. Miller. During much of his life she 
typed his manuscripts and often helped in the 
laboratory. Almost always she accompanied him 
in attendance at scientific meetings. 

The teaching of Professor Miller inspired many 
young men some of whom afterward became 
creative physicists. Two of them have been 
elected to the National Academy of Sciences. 
One of the most recent important texts in theo- 
retical acoustics bears a dedication to him. His 
students had a deep admiration for his spirit and 
great enthusiasm. 

Mr. Miller was a fine friend. He was a good 
companion, sympathetically interested in an- 
other’s thoughts and views. He enjoyed his 
friends and they him. They were always glad to 
greet him at scientific meetings. His mind was 
critical but never developed personal antago- 
nisms. He always had an opinion, arrived at 
independently, and it was always agreeably 
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expressed. He was wise in the councils of the 
scientific societies to which he belonged. He was 
never intolerant, but seemed to understand the 
other fellow and his viewpoint. He was definitely 
a just and a righteous man, always conscien- 
tiously fulfilling every duty he thought to be his. 


CLARENCE 


MILLER 


All of us regret with sadness to see him go, but 
he would take it as just one of those things that 
must be done. 
G. WALTER STEWART 
State University of Iowa 
February 28, 194 


REMARKS OF Dr. W. E. WICKENDEN, PRESIDENT OF CASE SCHOOL OF APPLIED SCIENCE, 
AT THE SERVICES FOR Dr. DAYTON C. MILLER, FEBRUARY 24, 1941. 


E are here not to weep for a life that is 

ended, but to rejoice in a life nobly ful- 
filled; not to mourn a friend departed, but to en- 
shrine in our hearts an abiding presence. What 
we have lost is transient; what we have gained is 
enduring. As Emerson said, at the grave of his 
son, ‘“‘As God lives, that which is excellent, is 
immortal.” 

The facts of Dayton Miller’s life are known to 
all his friends and we need not recount them. The 
facts of his scientific achievements have been 
written large for the world to see. Happy is a life 
so full and so complete, and happy are we to 
have shared it. Facts bound life on its quantita- 
tive side, its transient side, whereas it is the 
quality of life that touches it with immortality. 
The essence of faith is that truth, righteousness, 
beauty, goodness and love have undying worth, 
and that they touch with undying life the human 
spirit which possesses them. 

As the inner polarity of the compass needle 
responds to the enveloping field of the earth’s 
force, so the spirit of man responds to the eternal 
forces of the spiritual universe in which it dwells, 
finding thus its sense of direction and its com- 
pelling ideals and loyalties. So the inner nature 
of Dayton Miller eagerly oriented itself to all 
that is true, all that is right, all that is good and 
all that is lovely in the world of nature and of art. 
This was the faith by which he lived and this is 
his undying heritage to us. 

A year ago, Case School received a portrait of 
Dr. Miller as a gift of his disciples and co- 
workers. The artist’s task is to look beyond the 
facts as the lens of a camera might record them, 
and to reveal the qualities of the inner man. 


There is poise in the seated figure, but it is the 
poise of an ardent nature quick to respond to a 
challenging problem. There is dignity beneath 
the academic black and purple, but it is the dig- 
nity of an unaffected, kindly spirit at home with 
men both simple and great; there is sensitiveness 
of hand and feature, but it speaks not of weak- 
ness or of escape from the sternness of life, but 
of heightened perception of what is right and 
true; there is a glow of vitality which the years 
were unable to quench, the witness of an eager 
spirit rather than a robust physique; there is 
revealed, too, that beautiful clarity of mind 
which made him a prince among expositors; 
there, too, one sees the sparkling imagination, 
the blending of artist and of scientist, which made 
his research so brilliant and his teaching so un- 
forgettable; and there, in every line and feature, 
one traces the sculpture of character, the marks 
of a lifetime ruled by love, dedicated to duty, 
and inspired by a noble faith. 

The body which served Dayton Miller with 
such willingness and skill now belongs to mother 
Nature who gave it. The noble gift of scientific 
truth which he added to man’s knowledge be- 
longs to all men, of all times. But only we who 
have known Dayton Miller and the high privilege 
of sharing life with him, may claim as uniquely 
our own the heritage of his spirit. 

As is beautifully said of Charles William Eliot 
on a memorial gateway to Harvard Yard, we say 


of him: 


‘‘He opened paths for our children’s feet to 
follow. Something of him will be part of us 
forever.” 
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A New Microphone Providing Uniform Directivity over an 
Extended Frequency Range 


R. N. MARSHALL AND W. R. Harry 
Bell Telephone Laboratories, New York, New York 


(Received February 1, 1941) 


A new microphone is described which consists of a 
moving coil pressure element combined with an improved 
ribbon pressure gradient element to give a cardioid direc- 
tional characteristic. The theory of operation is reviewed, 
and consideration is then given to variations in directivity 
caused by diffraction, separation of the elements, and 
disparities in their phase and response characteristics. It is 
then shown how these variations are largely eliminated by 
equalization in the electrical circuit so that the resulting 
directivity is practically independent of frequency through- 


INTRODUCTION 


OME form of directivity in a microphone is 
accepted quite generally as a desirable 
characteristic. It is desirable in most radio and 
sound picture applications because the monaural 
nature of the systems nullifies the normal ability 
of human ears to concentrate attention on the 
sound which they wish to hear and to disregard 
extraneous and reverberant 
sound. Thus unless some directivity is supplied 
in the microphone the reproduced sound will 
seem more reverberant and more disturbed by 
noises than the same sound heard by an ob- 
server standing at the microphone. In sound 
reinforcing systems feedback from the loud 
speaker is the limiting factor in the amount of 
reinforcement which used. This is 
merely a special case of extraneous noise, and 
its effect can generally be reduced by directivity 
in the microphone. 
Directivity sufficient to eliminate most of the 
unwanted sound energy, however, is not in 
itself sufficient to insure satisfactory operation, 


noises minimize 


may be 


and several other requirements must be con- 
sidered. First, the directional pattern usually 
should be independent Non- 
uniform suppression of extraneous noise or 
reverberation throughout the frequency range 
may easily alter the balance of the pick-up and 
produce an effect difficult to distinguish, in 
operation, from an irregularity in the normal 
incidence response. The effect of variation in the 


of frequency. 


out the range from 70 to 8000 cycles. The use of a moving 
coil pressure element makes high efficiency possible, while 
the design of an unusually rugged ribbon element provides 
a marked reduction in noise due to air currents. Several 
useful directional patterns in addition to the cardioid 
pattern are provided in the new microphone, and the theory 
and merits of these patterns are presented. Finally some of 
the results which were obtained in field trials of the new 
microphone are discussed. 


directional characteristic with frequency is 
similar to another form of distortion which has 
been known to studio designers for some years; 
namely, frequency distortion of the reverberant 
sound due to improper variation with frequency 
of the time constant of the studio.'! A properly 
designed directional microphone will of course 
render this latter form of distortion less ap- 
parent. A second requirement of a satisfactory 
directional microphone, where an appreciable 
portion of the disturbing sound arrives from a 
particular direction, is that the directional 





Fic. 1. The cardioid directional microphone. 
1]. P. Maxfield and C. C. Potwin, “Planning function- 
ally for good acoustics,’ J. Acous. Soc. Am. 11, 390 
(April, 1940). 
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Fic. 2. Cardioid sensitivity pattern. The sensitivity for 
various angles of sound incidence relative to the zero 
degree sensitivity is plotted on a decibel scale. 


pattern should be such that this direction may 
be included conveniently in the least sensitive 
region of the microphone while the desired sound 
is picked up at maximum sensitivity. A third 
and more obvious requirement is that the micro- 
phone should have a sufficiently broad angle of 
uniformly high sensitivity to include all the 
desired sources of sound as in the pick-up of an 
orchestra. 

The preceding discussion forms a basis on 
which to formulate at least some of the require- 
ments of a satisfactory directional microphone. 
It is the purpose of this article first to describe 
a new microphone which it is felt fulfills the 
requirements of high and uniform directivity, 
and second to set forth sufficient theory to ex- 
plain the steps taken in its design and to provide 
a basis for evaluating the results which are ob- 
tained. The microphone which is shown in 
Fig. 1 is a combination of a moving coil type 
pressure element, and a ribbon type pressure 
gradient element, arranged to produce a cardioid 
directional characteristic and other 
directional patterns. By means of equalization 


several 


in the electrical circuit, these directional charac- 
teristics are substantially maintained over the 
entire operating range. The use of the moving 
coil structure provides an efficient pressure unit, 
while the design of an unusually rugged ribbon 
provides a substantial reduction in the noise 


due to air currents. 





AND 








W. R. HARRY 





THEORY 
Directivity criteria 


An effort has been made to set forth some 
criteria by which the effectiveness of a direc. 
tional microphone in suppressing reverberant 
sound could be judged, and the American 
Standards Association has defined a directivity 
index.” 


Directivity index =I 


efficiency for sound of random incidence 


— 


efficiency for sound of normal incidence 


ieee (1) 


The quantity f(Q) is the ratio of the voltage 
output for incidence at angle Q to that for 
normal incidence. But to derive this expression 
methods involving probability were resorted to, 
and it should be pointed out that this expression 
does not necessarily represent the efficiency for 
random sound, but rather the most probable 
efficiency, and should therefore be used with a 
good deal of caution. In reality the directivity 
index indicates the average reduction in rever- 
beration effect in a number of installations rather 
than the exact improvement to be expected in 
any particular installation. 

This index when applied to either the cardioid 
or the bidirectional ribbon microphone gives an 
index value of 0.33. Obviously this index, al- 
though a valuable aid in determining the average 
effectiveness of a microphone in controlling the 
ratio of reverberant to direct sound, is not 
sufficient to specify completely the directional 
properties. 

In many cases where a microphone is used 
there are either a large number of performers as 
in an orchestra or a large area of action as on a 
stage. Thus an index would be of value which 
related the average sensitivity of the micro- 
phone for desired sounds to the average sensi- 


2 “American recommended practice for the calibration of 
microphones,” approved March 10, 1938, American 
Standards Association, 29 West 39th Street, New York, 
New York. 

3W. P. Mason and R. N. Marshall, “A tubular direc- 
tional microphone,” J. Acous. Soc. Am. 10, 206 (1939). 
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tivity for undesired sounds. In general, the 
desired sound sources are on one side of a plane 
passing through the microphone, the undesired 
on the other. This suggests a different index of 
directivity defined as: 
average efficiency for all angles of sound 
incidence in rear hemisphere 


average efficiency for all angles of sound 
incidence in front hemisphere 








Under this system the index is a measure of the 
effectiveness of a directional microphone in 
separating the sounds from either side of a 
plane, while the other index J is a measure of its 
effectiveness in suppressing general reverbera- 
tion. Neither index, however, is helpful in 
studying how the microphone will handle un- 
wanted sounds from discrete directions. For 
analyzing these problems the actual directivity 
pattern should be used. 


The cardioid microphone 


Much of the underlying theory of the cardioid 
microphone has been covered in the literature.’ ® 
However, sufficient of this theory will be re- 
viewed here to form a basis on which to explain 
the steps taken in the development of the new 
microphone. 

If the output of a microphone element re- 
sponsive to sound pressure is combined in series 
with the output of an element responsive to the 
pressure gradient, the output of the combination 
is a function of the angle of incident sound, and 
is represented in spherical coordinates by 


Eo=epote,o€', (2) 
where 


Es=output voltage for sound incident at angle 0 
é,»~=output voltage of pressure element for 
sound incident at angle @ 
é,=output voltage of pressure gradient element 
for sound incident at angle 6 
§=angle between direction of incident sound 
and axis of maximum sensitivity of the 
pressure gradient element 
a=phase angle between pressure gradient ele- 
ment and pressure element outputs. 





4 Weinberger, Olsen and Massa, “‘A uni-directional ribbon 
microphone,” J. Acous. Soc. Am. 5, 139 (1933). 

*Frank Massa, “Effect of physical size on the direc- 
f uni-directional and 


tional response characteristics of 


UNIFORM 


DIRECTIVITY 483 
The expression is perfectly general, but some 
assumptions which may not always be met in 
practice must be made in order to simplify it. 
If we assume that the sensitivity of the pressure 
element is independent of 6, which in general 
requires that its dimensions be small compared 
with the wave-length of the sound, and if we 
further assume that the sensitivity of the pres- 
sure gradient element is proportional to cos @ 
and that its output is in phase with the output of 
the pressure element, then we may write in 
place of Eq. (2) 


Ee=e,+e, cos 8, (3) 


e, =output voltage of pressure element, 
é, =output voltage of pressure gradient element 
for sound normal to the diaphragm, 


and if we further assume that the two elements 
have equal sensitivities at all frequencies we 
may write 


Ee=e,(1+ cos 6), (4) 


the familiar equation of a cardioid. 
If now we take the ratio in decibels between 
the sensitivity at any angle @ and that for 6=0 


ratio in db E/E o=20 log (1+ cos 6)/2. (5) 
A plot of this equation is shown in Fig. 2. 

The decibel scale is used for all polar direc- 
tivity patterns throughout this paper to show 
directly the variation in sensitivity with angle in 
the same way that it is used for response curves. 
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Fic. 3. Variation of directivity indices with the relative 
proportions of the output voltage contributed by the 
pressure and pressure gradient elements. 





pressure gradient microphones,” J. Acous. Soc. Am. 10, 
173 (1939). 
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The directivity index J of a microphone hav- 
ing the sensitivity represented by Eq. (3) may 
be found for any pair of values assigned to 
e, and e, by the use of Eq. (1). Figure 3 shows 
both the directivity index J and the new index J 
plotted against percentage combinations of the 
elements. It may be observed that as the 
percentage contributed by the pressure element 
is varied from zero to 100 percent the index J 
reaches a minimum value of 0.25 at 25 percent 
pressure element.* This is less than the index 
value of 0.33 obtained with either the cardioid 
combination of 50 percent each or for 100 per- 
cent bidirectional pressure gradient element. 
Similarly J has a minimum for 40 percent pres- 
sure element. 


The pressure element 


Next let us consider the principles underlying 
the operation of the two elements which com- 
pose the cardioid microphone. First consider the 


Zp 


NEUTRAL PRESSURE IN CASE 
CAN CHANGE ONLY BY MOTION 
OF DIAPHRAGM 






DIAPHRAGM 


Fic. 4. Simple diaphragm type pressure 
microphone element. 


pressure element where it is desired to detect the 
pressure variations due to the sound wave. For 
this purpose a diaphragm is used, one side of 
which is exposed to the sound, the other com- 
municating with a closed space. Thus, the force 


6 Other investigators have independently reported on 
the relation of the directivity to the percentage contribu- 
tions of the elements. See H. F. Olsen, Broadcast News 
No. 30, p. 3 (May, 1939); R. P. Glover, J. Acous. Soc. Am. 
11, 296 (1940). 
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on the diagram is proportional to the sound 
pressure at its surface. 

The sensitivity of the element may be written 


€p/p=BIA p/ Zp; (6) 
where 
p=sound pressure at the diaphragm, 
e, = voltage induced in the conductor, 
B=flux density in which the conductor moves, 
1=length of the conductor, 
A,=area of the diaphragm, 
Z,=mechanical impedance of the diaphragm 
and the moving system coupled to it. 


In a practical microphone it is desirable first, 
that the sensitivity e,/p be both high and inde- 
pendent of frequency and second, that the 
dimensions be small enough so that diffraction 
effects can be controlled. The first of these 
conditions requires that Z, be as small as possible 
and independent of frequency, i.e., a resistance. 
This requirement, however, is not an easy one to 
satisfy. If a simple system such as is shown in 
Fig. 4 is used the minimum value of Z, is de- 
termined at high frequencies by the mass of the 
moving system M, and at low frequencies by the 
stiffness of the diaphragm Syand by the air volume 
in the chamber S;. These mechanical impedances 
must be small compared with R,. While a 
simple structure such as this could be used, 
reasonable sensitivity would require a low value 
of Z, which would in turn require both an ex- 
tremely light moving system and a large volume 
in the chamber. 


The pressure gradient element 


A pressure gradient microphone consists of a 
diaphragm both sides of which are exposed to 
the sound field, and is actuated by the difference 
in force on its two sides which occurs when the 
sound reaching one side must travel a greater 
distance than sound reaching the other side. 
In the microphone under discussion the dia- 
phragm takes the form of a thin ribbon suspended 
between the pole-pieces of a magnet which also 
serve to establish a path difference for sound 
reaching the two faces of the ribbon. The ar- 
rangement of a ribbon diaphragm with its pole- 
pieces is shown in Fig. 5 together with the 
squivalent circuit of the moving system. 

The voltage generated by such a ribbon in a 
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plane sound field has been derived by Olsen’ and 
may be written 


BI 
-X10-8, (7) 


e, = 2k cpA cos (ket) sin (kd) 
ZatZa 


where 


k=22/X=2tf/c=w/c, 
c=velocity of propagation, 
p=density of the medium, 
A=amplitude of the velocity potential, 
d= the additional distance traveled by sound 
reaching the back of the ribbon, 
Z,=mechanical impedance of ribbon per unit 
area, 
a=mechanical impedance of air coupled to 
ribbon per unit area, 
B=flux density, 
1=length of ribbon, 
t=time elapsed. 


Then if the slots between the ribbon and the 
pole-pieces are sufficiently small so that their 
impedance denoted by Z, in the equivalent circuit 
of Fig. 5 is high compared with the impedance of 
the ribbon Z, 

é, 21asin (wd/c)BlX10-% 


—— (8) 
p Za+Za 


where p=the pressure in the sound field. For 
frequencies where (wd/c) <1, to a close approxi- 
mation sin (wd/c)=wd/c. Also Z,+Z,4 may be 
written 7w./, provided that the radiation resist- 
ance of the ribbon R, is small compared with the 
mass impedance MW, of the air coupled to the 
ribbon. Then 


e, 2dBlX10- 


p ae ©) 
Cl 


where / =the effective mass per unit area of the 
ribbon and the air coupled to it. It may be ob- 
served from Eq. (9) that the sensitivity e,/p is 
proportional to d and independent of frequency 
so long as (wd/c)<1 and Z,+Z4=iwM. For 
frequencies where (wd/c)>1 or where Rx is not 
small compared with Wo, the response will fall off. 

To satisfy the requirement that Z, be a pure 
mass reactance requires that the resonance 


7H. F. Olsen, ‘‘Mass controlled electrodynamic micro- 
phones,” J. Acous. Soc. Am. 3, 56 (1931). Equations (13) 
and (30). 
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frequency of the system must be well below the 
lower limit of the frequency band, and that the 
diaphragm must move as a piston and not break 
up into harmonic modes within the operating 
frequency range. 

The foregoing theory has dealt with the opera- 
tion of the pressure gradient microphone in a 
sound field in which the distance from the source 
is large compared with the wave-length. It may 
be shown that if this condition is not met the 


POLE PIECES 


MAGNET 





Fic. 5. Ribbon type pressure gradient microphone element. 


output of the pressure gradient element will 
exhibit a shift of phase and an increase in ampli- 
tude relative to the sound pressure. However, 
since in the cardioid microphone the pressure 
gradient element contributes but a portion of the 
output, and the sources of the sounds which it is 
desired to discriminate against are generally 
somewhat remote, this effect will not be con- 
sidered in detail. 

The sensitivity of the pressure gradient ele- 
ment in terms of the physical constants of the 
ribbon and the accompanying structure, trans- 
formed to some reference impedance Zo, may 
be derived as follows: The electrical resistance 
of the ribbon will be: 


R=Ip/ab, (10) 


where 
p=specific resistance of ribbon material, 
b=thickness of the ribbon, 


a=width of the ribbon. 


Assuming uniform motion of the ribbon, the 
effective mass of the moving system is 


M = iéabl+ Kal, (11) 
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Fic. 6. Effect of phase differences between the element 
outputs on the directivity index (J). 


K=mass loading per unit area of the ribbon due 
to the air, 
6=density of ribbon material; 


then combining Eqs. (9) and (11) 
e, 2BlAdx10- 2Bdl 


= it ent BOS, 
bp (éabl+Kla)c (b6+K)c 





(12) 


A =area of one face of the ribbon and the sensi- 
tivity at impedance Z, in view of (10) is given by: 


€,0 2Bd(AbZ,)! 
pb (b6+K)cp' 





10-8, (13) 


This expression will be of value later when 
the design features of the ribbon element are 
discussed. 


The effect of disparities between the elements 
In the derivation of Eq. (4) 
E,=e,(1+ cos @) 


the assumption was made that the outputs of the 
two elements were equal in magnitude and in 
phase. In the light of Eqs. (6) and (8) and the 
brief discussion of the methods used to obtain 
the appropriate values for Z, and Z,, it is ap- 
parent that either of these mechanical im- 
pedances may fall short of the requirements 
imposed on them and may introduce both phase 
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Fic. 7. Effect of phase and amplitude differences between 
element outputs on the reduction of sensitivity for sound 
arriving at 180 degrees. 


and amplitude differences between the element 
outputs. In addition to variations within the 
elements, it is generally impossible to eliminate 
the effects of diffraction of the sound wave 
around the elements which occurs unless the 
dimensions of the elements themselves are small 
compared with the wave-length, a condition 
which is practically impossible to satisfy at the 
higher audiofrequencies. Diffraction will gen- 
erally cause an increase in the outputs of the 
elements for sound normal or close to normal to 
the diaphragms and a decrease in the output of 
the pressure element for sound originating behind 
it. Furthermore, variations in the relative phase 
of the element outputs will be caused by the 
different air paths traversed by the sound reach- 
ing the two elements where they are separated 
from one another by a distance not small com- 
pared with the wave-length.’ Any of the causes 
which result in disparities in the amplitudes will, 
of course, alter the directivity pattern and will 
affect the directivity index as was shown in 
Fig. 3. The effect on the directivity index of 
phase differences between the elements which are 
independent of the angle of incident sound such 
as would be caused by deviations in the me- 
chanical impedances of the elements is derived 
in Appendix A. The results of this derivation 
are given in Fig. 6 where the variation of the 
directivity index J with the phase difference is 
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shown together with the directivity patterns 
which result from 
difference. 

For the case where the diaphragms of the two 
elements lie in a plane perpendicular to the zero 
degree axis but are separated by a finite distance 
the directivity index is derived in Appendix B 
and is found to be independent of this separation. 

As a result of these various effects, the direc- 
tivity index of most microphones will vary with 
frequency, and may at certain frequencies depart 
considerably from the index computed from 
Eq. (4). 

A slightly different viewpoint may also be 
taken by focusing attention on the reduction in 
sensitivity for sound incident at 180 degrees 
compared with the sensitivity for sound of 
normal incidence; that is the discrimination 
against sound incident at 180 degrees. In the 
ideal case, the sensitivity at 180 degrees is zero 
and the db reduction is infinite. However, any 
phase or amplitude disparities between the two 
elements will reduce this discrimination, rela- 
tively small inequalities being sufficient to 
reduce it markedly. This is evident from Fig. 7, 
and may be derived in a quantitative manner as 
follows : Assume 


several values of phase 


é, = constant, 

e,=variable in phase and magnitude, 
é)=combined output for sound incident at 0°, 
a= phase difference between element outputs, 


Co" = (@, +e» cos a)*+(e, sin a)?. (14) 


For 180°, 
130° = (€, —€» COS a)? +(e, sin a)?. (15) 


Discrimination in db is 


0" 
10 log —— 
C1807 
1+2(e,/e,) cos a+(e,/e,)? 
= 10 log —— —— 


-. (16) 
1—2(e,/e,) cos a+(e,/e,)” 


The discrimination derived in this manner is 
plotted in Fig. 7 with respect to 20 log e,/e, as 
abscissae for several values of phase difference. 
From this the maximum amplitude difference 
or phase difference which may be tolerated 
without reducing the discrimination below some 
chosen value may be determined. This family of 
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curves was used as a guide in the design of the 
cardioid microphone in order to determine the 
accuracy with which the outputs of the two 
elements needed to be matched in order to meet 
the projected requirement of 20 db or more 
discrimination at all frequencies within the 
operating range. 


DESIGN OF THE ELEMENTS 


In the preceding paragraphs the theory of the 
two-element directional microphone was dis- 
cussed together with the theory of the elements. 
It is apparent from this that a number of assump- 
tions were necessary to obtain the desired 
cardioid directional pattern. In practice these 
assumptions either break down completely or 
impose severe restrictions on the design of the 
elements. The most exacting of these restrictions 
is the one relating to the small size necessary for 
the elements, which if met necessitates sacrifices 
in the sensitivity. On the other hand, the ele- 
ments may be designed for ruggedness and high 
efficiency, keeping size and the differences be- 
tween outputs within reasonable bounds. Elec- 
trical equalization may then be applied in the 
output of one of the elements to restore the 
relationship required by the theory. It is this 
latter plan which is adopted in the design of the 
cardioid microphone, and which makes possible 





F = FORCE = SOUND PRESSURE AT 
DIAPHRAGM TIMES AREA OF 
DIAPHRAGM 


Vo= VELOCITY OF DIAPHRAGM 
AND COIL 






CASE AIR CHAMBER, 
Ss 


DIAPHRAGM AND COIL, 
Mo,So,Ro 


DIAPHRAGM AIR 
CHAMBER, S; 


RESISTANCE AIR 
CHAMBER,S3 


COIL SLOT, Ro,M2 


SILK ACOUSTIC 
RESISTANCE, M4,R4 


EQUALIZING TUBE, 
My, Rr 


Fic. 8. Schematic view and equivalent circuit of pressure 
element used in the cardioid microphone. 


















MARSHALL 


mas fs dedddd ds LEY 





Fic. 9. To eliminate harmonic modes of vibration the 
ribbon is stiffened along its center portion. 


satisfactory directivity over the entire frequency 
range without sacrifice in sensitivity. 


The pressure element 


The moving coil pressure element® shown in 
Fig. 8 which is used in the cardioid microphone 
possesses several advantages over the more 
elementary system. 

Because the diaphragm and coil assembly 
permits an efficient magnetic structure it is 
possible to obtain high sensitivity. The mechan- 
ical impedance of the moving system is reduced 
at high frequencies by an additional damped 
resonant circuit consisting of S;, J/., Re, while 
the introduction of Wr, Rr, resonates with the 
chamber S; at low frequencies making the use of 
a small chamber possible. A moving coil element 
of this type has been used successfully in a non- 
directional microphone, and this same element 
is used without modification in the cardioid 
microphone. It provides a small efficient pressure 
element of proven ruggedness and reliability. 
The frequency response of one of these elements 
in the housing of a cardioid microphone is 
shown in Fig. 16, and the phase angle of the 
output is shown in Fig. 13 curve A. It will be 
shown later how the effect of this phase angle is 
eliminated. 


The pressure gradient element 


In the design of the pressure gradient element 
ruggedness and freedom from undue sensitivity 
to wind are no less important than high efficiency 
and small size; however, some of the factors 
which influence the efficiency will be discussed 
first. The ribbon thickness which will yield the 





8 R. N. Marshall and F. F. Romanow, “A non-direc- 
tional microphone,”’ Bell Sys. Tech. J. 15, 405 (1936). 


AND 











W. R. HARRY 





highest sensitivity may be found by differentiat. 
ing Eq. (13) with respect to the thickness 9. 
By this means it may be shown that the maxi- 
mum sensitivity will be obtained when 


bé6=K, 


i.e., When the mass of the ribbon is equal to the 
mass of the air load coupled to it. For a ribbon 
of pure aluminum and a structure of the di- 
mensions used it is found that this optimum 
condition is obtained with a ribbon thickness of 
approximately 0.0001’. We may observe from 
Eq. (13) that provided the relation b6=K jg 
satisfied the sensitivity is greatest for a ribbon 
material for which the discriminant 6y/p is a 
minimum. Inspection of the physical tables 
reveals that pure aluminum is better than any 
other known material by a factor of nearly 
1.4:1. For example, Duralumin, which might 
be expected to be advantageous from a strength 
standpoint, has a specific resistance about twice 
that of pure aluminum. 

Referring to Eq. (13) it is apparent that the 
sensitivity is directly proportional to the differ- 
ence in air path, 2d, between the front and the 
back of the ribbon, so that this dimension is 
made as large as possible and yet satisfies the 
requirements that wd/c<1 at the highest 
frequency at which the element must operate. 
By means of a device which will be described 
later, the pressure gradient element is rendered 
unimportant above about 5000 cycles so that the 
dimension d may be made roughly twice as 
great as would be possible if the element were 
required to function at 10,000 cycles. This makes 
possible a considerable increase in sensitivity. 

The design of the pressure gradient element 
up to this point follows conventional design. 
However, experience indicates that this design 
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Fic. 10. Low frequency response of ribbon elements 
A. New type thick ribbon with longitudinal stiffening. 
B. Thick ribbon with lateral corrugations. 
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is sufficiently subject to disturbance from air 
currents to limit seriously its field of application. 
This is still true even after providing a double 
silk wind screen. On the other hand, the sensi- 
tivity of the ribbon to wind may be reduced by 
increasing its thickness. This increases the 
stiffness which in turn increases the vibratory 
impedance of the ribbon at the very low fre- 
quencies where wind currents have their greatest 
effect. For the ribbon of the cardioid microphone 
the thickness is increased to 0.00025” or 23 times 
the optimum value. This increases the stiffness 


-65 





A RIBBON NOT DAMPED 

B MEASURED RESPONSE OF 

-70 DAMPED RIBBON 

C CALCULATED RESPONSE FOR 
DAMPED RIBBON 
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Fic. 11. Measured and calculated responses 
of ribbon element. 


to approximately 15 times its value for a 0.0001” 
thickness. The measured wind 
noise using the same silk wind screens is 10 db 
or more, depending somewhat on the direction 
of the wind relative to the ribbon. The effect 
which this departure from optimum thickness 
has on the sensitivity is obtained by reference 
to Eq. (13). An increase in the thickness 6 to 23 
times its optimum value will reduce the sensi- 
tivity @,9/ p to approximately 0.90 of its maximum 
value, a reduction in sensitivity of but 0.9 db, 
a sacrifice well worthwhile considering the 
improvement in wind noise obtained. 

Two new problems, however, are introduced by 
the thicker ribbon material. Increased stiffness is 
desirable from a stability viewpoint, but the 
resonance frequency of the ribbon is brought up 
to 40 cycles, which is within the audio range, 
and this violates the requirement set up in the 
derivation of Eq. (9), and will introduce a severe 
peak in the response unless appropriate steps 
are taken to control this resonance. The means 
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V; = VELOCITY OF RIBBON 


Fic. 12. Circuit of the ribbon element used in the cardioid 
microphone. (See text for definitions of symbols.) 


used to control the resonance will be explained 
in the following paragraph, but first it is neces- 
sary to consider the other problem introduced 
by the thicker ribbon. When a ribbon is cor- 
rugated laterally for its entire length in the 
conventional manner it behaves as a stretched 
string and is free to vibrate not only in the funda- 
mental mode, but also in any of a number of 
harmonic modes. This apparently occurs when 
the ribbon is driven at a frequency corresponding 
to a harmonic of the fundamental resonance 
frequency of the ribbon, and since these motions 
occur at the expense of the desired movement 
they produce a very irregular response for 
frequencies below 300 cycles. Undoubtedly, this 
same effect occurs with the thinner ribbon except 
that the troublesome harmonic modes may occur 
at frequencies below the useful range. In order 
to eliminate them the ribbon is stiffened along its 
entire center portion, the end sections only 
being left corrugated to permit motion. This is 
shown in Fig. 9. The extent to which this design 
is effective in eliminating the parasitic action is 
shown in Fig. 10. It should be pointed out in 
connection with this figure that the damping of 
the resonance which is described below, was 
applied to both the fully corrugated and to the 
stiffened ribbon. 

The stiffened ribbon would without damping 
have a frequency response shown by curve A 
of Fig. 11, which is of course not suitable and 
some means must be found to eliminate the 
peak. This is reduced by connecting an imped- 
ance, represented by Rj, LZ; in Fig. 12, across the 
ribbon terminals. Solving the network of Fig. 12, 
the response of the ribbon in practical units 
may be written: 





(17) 
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Fic. 13. Phase characteristics of pressure 
and pressure gradient elements. 
where 


A =area of ribbon, 
Mr=mass of ribbon and air slug coupled to it 
in C.g.s. units, 
Sr=stiffness of ribbon in c.g.s. units, 
R,4=radiation resistance of ribbon in c.g.s. units, 
Re=electrical resistance of ribbon in ‘practical 
units. 


All other electrical quantities are in practical 
units. For the response to be uniform, the right- 
hand portion of Eq. (17) must be made sub- 
stantially independent of frequency. This is 
impossible if the term (B/)?-10-* is small, 
for at resonance (wi/p—Spr/w) reduces to zero, 
Ra is very small at this frequency, and the 
sensitivity becomes very large. However, if the 
flux density is sufficiently high (B/)?-10-° is 
an appreciable factor and it is possible to control 
the sensitivity within rather close limits above 
about 35 cycles by the choice of proper values 
for R; and L;. The measured and computed 
responses of a ribbon controlled in this manner 
are shown by curves B and C of Fig. 11. This 
circuit has the added advantage that it brings 
the phase of the pressure gradient element out- 
put to within satisfactory limits of the moving 
coil phase as is shown in Fig. 13. It can also be 
shown by solving the circuit equations for the 
velocity of the ribbon, V;, that the motion of the 
ribbon is effectively damped at resonance by the 
opposing force due to the flow of current I> 
in the electrical circuit. 


COMBINING THE ELEMENTS 


It has already been stressed that high dis- 
crimination against sound arriving at the rear of 
the microphone may be achieved only when the 
output voltages of the two units are closely 
matched both in amplitude and phase. The next 
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step in the design to be considered is the means 
used to combine the two units in order to 
achieve this matching. In the derivation of the 
curves in Fig. 7 it will be remembered that only 
the output voltages of the elements without 
regard for their internal impedances were con- 
sidered. Justification of this is apparent when 
we consider the expression for the voltage de- 
veloped across an impedance Zz; connected 
across the microphone terminals. 
Zt. 
E= wea 
LrutLeptZeg 





(€,+e, cos @). (18) 


A 180 DEG RESPONSE OF RIBBON ELEMENT 
NO EQUALIZATION 

B 180 DEG RESPONSE OF RIBBON ELEMENT 
WITH EQUALIZATION 

C 180 DEG RESPONSE OF PRESSURE ELEMENT 
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Fic. 14. Field responses of ribbon and _ pressure ele- 
ments, illustrating the manner of equalizing and matching 
the elements up to 2000 cycles where the ribbon element 
is filtered out. 


All that is necessary then to match the voltages 
of the elements is to insert a transformer in the 
output of one element. In this case a transformer 
was used in the output of the ribbon element, 
and its turns ratio adjusted to give the desired 
voltage balance. This resulted in an impedance 
for the ribbon element of 30 ohms measured 
across the transformer secondary. 

Matching of the outputs of the elements by 
adjustment of the transformer ratio assures 
balance only at the discrete frequency for which 
this adjustment is made, and does not assure 
balance throughout the entire frequency range 
of the instrument unless the two elements have 
identical response characteristics. Furthermore, 
agreement in phase within the limits determined 
from Fig. 7 is necessary throughout the entire 
range. It was found possible to satisfy both of 
these requirements simultaneously for frequen- 
cies below 500 cycles by adjustment of R; and Li 
which parallel the ribbon element. The extent 
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to which this was accomplished is shown in 
Figs. 13 and 14 for higher frequencies; however, 
this is a more difficult problem. 

Computation of the phase angle which exists 
between the pressure in the sound wave and the 
voltage generated by the moving coil element is 
made by substituting the proper values in the 
equivalent circuit of Fig. 8. The result of this 
computation is shown by curve A, Fig. 13. 

The phase characteristic of the ribbon element 
is computed in a similar fashion from the equiva- 
lent circuit shown in Fig. 12. In this case it is 
important to note that the radiation resistance 
R, increases with frequency and reaches im- 
portant magnitude only for the upper portion 
of the frequency range. The result of this 
computation is shown by curve B, Fig. 13. 
While these computations are correct for the 
data given, they do not form an adequate basis 
on which to apply phase correction designed to 
bring the outputs of the elements within the 
desired limits. As was pointed out earlier in this 
paper, the sound pressure at one element may 
not be in phase with the sound pressure at the 
other due to reflections and diffraction around the 
elements. In the case of sound arriving at the 
diaphragm of the pressure element from behind 
the phase will be appreciably delayed at the 
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Fic. 15. Measured phase difference between 
elements before and after equalization. 


higher frequencies on account of the distance it 
has to go around the housing of this element. 
In order to determine accurately the phase 
difference between the element outputs, a 
model of the microphone was set up and the 
phase difference between the elements measured 
throughout the frequency range for sound 
incident at 180°. The measurements were made 
at this angle because it is here that small differ- 
ences in phase have the most effect in reducing 
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the discrimination. The phase difference meas- 
ured in this way is shown in Fig. 15 as curve A. 


Electrical equalization 


The next step in the design is to provide 
correction for this phase difference. To be prac- 
tical, however, the corrective network should be 
of such nature that it can be included within the 
microphone housing which limits the number of 
elements used in the network to a few small parts. 
This is accomplished by using a simple L section 
low-pass filter with resistance in the shunt arm. 
As may be seen in Fig. 15, this provides a 
satisfactory approximation of the desired phase 
correction, the corrected phase difference shown 
by curve C being less than 15 degrees for fre- 
quencies. below 8000 cycles. This assures a 
minimum discrimination of 18 db provided the 
element output voltages are equal. 

While this equalizer provides a satisfactory 
phase characteristic it has a gradual attenuation 
characteristic which becomes apparent as low 
as 1000 cycles and increases to 5 db at 2000 
cycles. This attenuation would seriously limit 
the operation of the microphone except for the 
manner in which it is utilized in conjunction 
with the directivity of the pressure element. 


Directivity of the moving coil unit 


The of the pressure element for 
several angles of incident sound is shown in 
Fig. 16. This element alone possesses consider- 
able directivity due to diffraction for frequencies 
above 2000 cycles reaching 10 db or more for 
frequencies above 5000 cycles. This suggests 
that gradually increasing attenuation of the 
ribbon above 2000 cycles and the 
consequent imperfect cancellation of the element 
outputs may have no serious effect on the direc- 
tivity of the complete microphone. This is 
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Fic. 16. Field response of pressure element in the 
housing of the cardioid microphone for several angles of 
sound incidence. 
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Fic. 17. Cross section of cardioid 
directional microphone. 


precisely what is done. The response of the 
ribbon element without the phase corrective 
network is shown by curve A in Fig. 14 while 
curve B shows the ribbon response with the 
network inserted in the circuit. The relatively 
small amount of attenuation inserted below 
2000 cycles serves merely to reduce the response 
of the ribbon to equality with the response of the 
pressure element for sound incident at 180 
degrees. Above 2000 cycles the output of the 
ribbon element falls below that of the pressure 
element, but the directivity lost by this is 
compensated by the directivity of the pressure 
element itself. In addition to this transition 
from cancellation to diffractive directivity, a 
transition is made in the response for sound 
incident at 0 degrees. By referring again to 
Fig. 16 it may be observed that the response of 
the pressure element for sound incident at 0 
degrees increases 6 db between 2000 and 6000 
cycles. This is just sufficient to compensate for 
the attenuation of the ribbon element. 


Reducing the size of the equalizer 


While the simple filter accomplishes the de- 
sired result, its operation at 30 ohms would 
require a 4.5-mf condenser which would be 
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prohibitively large. One way in which the valye 
of this capacitance may be reduced is to increase 
the impedance at which the network operates. 
This would, however, require an additional 
transformer. Actually this same effect is secured 
by placing a tertiary high impedance Winding 
on the transformer, and connecting the cop- 
denser across this winding, the resistance re. 
quired in series with the condenser being in- 
corporated in the winding. The series inductance 
of the network is provided by the leakage 
reactance of the transformer. In this way the 
size of the condenser is reduced from 4.5 mf to 
0.15 mf, this small condenser being the only 
extra element required. A cross-sectional view 
of the microphone, Fig. 17, shows how this 
condenser as well as the ribbon transformer, the 
pressure element and other parts are fitted into 
the microphone housing. The equivalent circuit 
of the equalizer is shown in Fig. 18, all im- 
pedances being referred to the transformer 
secondary. Design of the equalizing filter to ob- 
tain an image impedance of 10 ohms although 
the circuit with which it is operated is 30 ohms 
makes its operation practically independent of 
the impedance into which the microphone is 
operated. Since the shunt arm of the filter be- 
comes a low impedance at high frequencies the 
impedance of the ribbon element when measured 
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Fic. 18. Equivalent circuit at high frequencies of the 
ribbon and filter circuit including the three winding trans- 
former. Inductances Lo, Loo, Leo are leakage inductances 
between windings of the transformer. 
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Fic. 19. Impedance of the cardioid microphone, 
R=resistance, X =reactance. 
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Fic. 20. Field responses of a typical production model of the cardioid directional microphone. for the six switch 
positions. 


across the output terminals of the filter falls 
below 30 ohms. This combined with a similar 
effect at low frequencies due to the damping 
impedance causes a reduced average impedance 
of the ribbon element. The measured impedance 
of the completed microphone is shown in Fig. 19. 


Proper equalization produces uniformly high 
directivity 

The used to obtain the conditions 
postulated as necessary in order to insure ade- 
quate discrimination against sound incident at 
180 degrees have been presented, and it is now 
possible to evaluate the extent to which the 
resulting microphone fulfills the proposed re- 
quirements. The response of the microphone for 
several angles of incident sound is shown in 
Fig. 20B. The response for sound of normal 
incidence is reasonably flat throughout the 
range from 50 to 9000 cycles. The irregularities 
which do occur at the higher frequencies are 
caused not by improper operation of the elements 
or the corrective circuits but by reflections caused 
by the rather heavy screen which is employed 
both as an outer housing for the microphone 
and as a wind screen. The discrimination at 180 
degrees is sufficiently high throughout the entire 
range so that the irregularities in the 180° curve 
are of no consequence. The curves for sound at 


means 


60° and 90° are given to show that there is no 
appreciable change in quality for sound incident 
at these angles. 

Thus far no mention has been made of the 
response to sound incident from various angles 
in the vertical plane, and since the centers of the 
elements are separated by 13” it might be ex- 
pected that this effect would be serious. In 
this case a further advantage of the filtering 
out of the ribbon element may be observed 
since the separation has no effect on the sensi- 
tivity pattern for frequencies above about 4000 
cycles, and at this frequency 13” separation has 
no more effect than a separation of 3’’ would 
have at 10,000 cycles if the ribbon were not 
filtered out. From the standpoint of the direc- 
tivity index this separation may be completely 
ignored at all frequencies, since it does not 
effect the index. (See Appendix B.) 


Modified cardioid patterns 


In Fig. 3 it has been shown how the directivity 
indices J and J vary with relative amounts 
contributed to the output by the two elements. 
Both of these indices reach minimum values 
(maximum directional effect) for percentage 
combinations of the elements between 50 percent 
each, which yields the cardioid pattern, and 
100 percent bidirectional pressure gradient 
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Fic. 21. Ideal sensitivity patterns obtained with the six switch positions of the cardioid micro- 
phone. Agreement of a typical microphone with these patterns is good throughout the frequency 
range as may be seen by comparing these patterns with the data of Fig. 20. 


element. It might be expected that a combina- 
tion of 25 percent pressure element 75 percent 
pressure gradient which has a maximum value for 
the index J would be more effective in suppressing 
general reverberation effects than either the 
cardioid or the bidirectional patterns. Similarly 
a combination of 40 percent pressure element 
which yields the minimum value for J should be 
the most effective of any possible combination in 
separating sounds from front and rear hemi- 
spheres. Practical trials have demonstrated that 
these predictions are correct, and the amount of 
improvement obtained when these new combi- 
nations were compared with the cardioid and 
bidirectional patterns was great enough so that 
it seemed desirable to make these two new 
combinations available. Consequently means for 
obtaining them has been provided in the new 
microphone. The polar 


sensitivity patterns 








which are obtained with these combinations are 
shown in Figs. 21E and 21D. From these figures 
it may be seen that the pattern which yields the 
minimum value for the index J has two angles 
of minimum sensitivity at 110° from the front 
on each side. Similarly the pattern yielding the 
minimum for J has minimum sensitivity angles 
at 130° on each side. The measured responses of 
the microphone when set for these patterns are 
shown in Figs. 20E and 20D. 

In sound reinforcing systems the maximum 
amount of reinforcement which may be obtained 
is limited by sound from the loudspeaker reaching 
the microphone and causing singing if the 
gain of the system is increased beyond a certain 
point. If the sensitivity of the microphone to the 
sound from the loudspeaker is decreased more 
gain may be employed and the amount of rein- 
forcement increased. In this field, directional 
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microphones have made substantial improve- 
ments possible. In some installations most of 
the sound reaching the microphone from the 
loudspeaker arrives within a relatively small 
solid angle. This is the case where the principal 
feed-back path is one direct from a single loud- 
speaker, or a reflection from one particular hard 
surface. In these cases either the true cardioid 
microphone or the bidirectional ribbon have 
been found very useful, the choice of which one 
will give the most satisfactory results depending 
on the particular conditions. However, in many 
installations the problem is more complex and 
appreciable sound may reach the microphone 
by two or more paths. One example of this 
condition is illustrated in Fig. 22. In this case 
there are two major sources of feedback, one 
direct from a loudspeaker above the proscenium 
arch, the second diffused reflections from the rear 
and side walls of the auditorium. In this ex- 
ample the 25 percent pressure element combina- 
tion is particularly useful, for not only is the 
sound direct from the loudspeaker highly 
attenuated since it arrives at an angle near the 
minimum sensitivity of the microphone, but the 
more diffused reflected sound is appreciably 
attenuated. In this case the modified cardioid 
pattern which suppresses feedback from both 
paths would give marked improvement over 
either the ribbon or the cardioid. 

In order to provide a selection of patterns 
which would cover a variety of similar problems 
it was felt desirable to make available, in addi- 
tion to the patterns having minimum sensitivity 
at 110° and 130°, one having a minimum at 150°. 
Therefore any of the patterns shown in Fig. 21 
may be selected with a switch at the rear of the 
microphone. 

The three modified cardioid patterns are ob- 
tained by attenuating the output of the pressure 
element. Therefore the normal incidence sensi- 
tivity is reduced by small amounts. This reduc- 
tion is shown in Fig. 21. The attenuation of the 
ribbon element at the higher frequencies com- 
plicates somewhat the provision of these modi- 
fied patterns. However, this is easily taken care 
of by reducing the amount of equalization ap- 
plied to the ribbon at the higher frequencies, 
which is done by inserting additional resistance in 
series with the condenser in the shunt arm of the 
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filter. This simultaneously alters the phase shift 
of the filter to compensate for the altered path 
difference at the new angle of minimum sensi- 
tivity. The sensitivity curves for several angles 
for each of the directional patterns are shown in 
Fig. 20. 


FIELD TRIALS 


In order to verify the results which have been 
indicated by theory and by rather extensive 
laboratory data, a number of trial installations 
were made under actual operating conditions. 
In the final analysis it is only by use under such 
conditions that the true merits or faults of any 
device may be determined. Trials were made 
both in studio and playhouse pick-ups for radio 
broadcasting, and in several representative in- 
stallations for sound reinforcement. A typical 
case from each of these fields will serve to illus- 
trate the results which may be expected in 
general use. 

One radio trial installation was made in a 
rather small studio which, however, had a 
rather long time constant for its size and in 
which some difficulty had been experienced in 





Fic. 22. Typical installation for sound reinforcement in 
an auditorium. 
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Fic. 23. Studio arrangement for the broadcast of 
a small symphony orchestra. 


obtaining satisfactory pick-up. Tests were first 
made in this studio using a microphone which 
provided only the cardioid pattern. The program 
material was a small symphony orchestra of 
about 30 members. The general arrangement of 
the instruments in the studio and the micro- 
phone placement are shown in Fig. 23. The 
important features of this arrangement are first 
that the microphone was placed near one end of 
the studio thus leaving plenty of space for the 
disposition of the orchestra, and second that 
this location was very close to the conductor 
which made judgment of balance among the 
various voices of the orchestra much easier for 
him than if the microphone had been placed 
elsewhere. The location of the microphone in the 
corner without the use of an absorbent screen 
or other treatment of the studio walls was pos- 
sible because of the discrimination of the 
microphone against sound reflected into it from 
the rear. Actually the results were noticeably 
superior to those obtained using a bidirectional 
microphone and employing a one-inch felt screen 
between it and the corner of the studio. This 
improvement was evident in the form of mark- 
edly greater clarity of the bass, which was 
acknowledged by every one who was present at 
the trial. Some observers stated that the indi- 
vidual instruments stood out more clearly, 
while others expressed it as a striking clarity or 
lack of ‘‘muddiness”’ in the bass. This improve- 
ment could not be accounted for on the basis of 
differences in the normal incidence 
characteristics of the two microphones, and was 
apparently due to the suppression of reverberant 
sound at the lower frequencies, for which the 
absorbent screen was ineffective. Evidently the 
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maintenance of good directivity at the lower 
frequencies is of real importance. Tests were 
later made using the modified cardioid micro. 
phone in this same studio with the same orches. 
tra. In this case three microphones were com. 
pared. One set for the cardioid pattern, one for 
pattern of Fig. 21D and one for Fig. 21E, There 
was no noticeable difference between the latter 
two patterns and all three microphones ex- 
hibited the same good high frequency quality, 
However, the latter two patterns brought forth 
the same comments that had earlier been made, 
when the cardioid was compared with a bi- 
directional instrument. The bass was markedly 
clearer and the improvement was almost as 
striking as in the earlier tests. This improvement 
was undoubtedly due to the further suppression 
of reverberant sound picked up at frequencies 
where the studio treatment was ineffective. 
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Fic. 24. Sound reinforcement system installed in the 
House of Representatives, Washington, D. C. Adequate 
reinforcement was made difficult by the reflection of sound 
into the microphone from the marble walls. 
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The sound reinforcement installation most 
worthy of mention was a case where feed-back 
conditions were so severe that other types of 
microphones had proven inadequate, not pro- 
viding sufficient reinforcement for satisfactory 
results. The approximate plan of the auditorium 
is illustrated in Fig. 24. The walls were entirely 
of marble without any sound treatment and the 
proportion’ represent about the worst condition 
that could have been chosen. In this installation 
comparison was made between the various 
directional patterns provided in the six-way 
microphone. As might be expected the bidirec- 
tional ribbon and the true cardioid were mark- 
edly superior to the pressure element, both 
giving approximately the same reinforcement 
without singing. Use of the modified pattern 
illustrated in Figs. 20E and 21E, however, 
permitted 5 decibels more reinforcement than 
could be obtained with either the cardioid or 
ribbon without singing. This was sufficient im- 
provement to make the difference between the 
success and failure of the entire installation. It 
is worthy of mention that this improvement is 
appreciably more than could be predicted solely 
on the basis of the directivity index. 


CONCLUSIONS 


The more important features of the new micro- 
phone may be briefly summarized in terms of 
what it has been possible to accomplish. First, 
high efficiency has been achieved by the choice 
of the compact and highly efficient moving coil 
pressure element, with a_ ribbon 
pressure gradient element of nearly equal eff- 
ciency. This has required elements which are not 
small compared with sound wave-lengths in the 
upper portion of the frequency range, but the 
effect of size on the directional characteristics 
has been minimized by the filter in the ribbon 
output. Second, a new form of ribbon has been 


combined 


developed which is considerably less susceptible 
to air currents than previously available ribbon 
microphones. Third, directional 
patterns are made available which have proven 


several new 
very useful both in sound reinforcing systems 
and in radio studio and playhouse applications. 
These new patterns are in addition to the pat- 
terns of the pressure element, the ribbon element 
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and the cardioid. Finally, the elements have 
been so designed and their outputs adjusted that 
high and unusually uniform directivity has been 
achieved throughout the entire range below 
8000 cycles. This applies not only to the reduc- 
tion in sensitivity to sound from the rear, but 
also to the responses at 60 and 90 degrees which 
agree remarkably well with the normal incidence 
response although of course the sensitivity is 
reduced for these angles. 


APPENDIX A. EFFECT OF PHASE ON 
THE DIRECTIVITY INDEX 


The combination of elements which satisfies the condi- 
tions set forth as necessary for Eq. (4), will give a direc- 
tivity index of 3}. However, if a phase difference, which is 
independent of the angle of incident sound, exists between 
the element outputs the situation is somewhat altered. 
In this case the output is given by 


Eo=e,(1+€'* cos 6), 
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a=phase difference between element outputs 

Ee’ =e,?(1+ cos? 6+2 cos 6 cos a), 
assuming axial symmetry and integrating over a unit 
sphere the directivity index as defined by Eq. (1) can be 
derived. 

f(Q) = (1+ cos? 6+2 cos @ cos a)! 

i (2+2 cos a) : 


dQ=2rz sin 6, 
the limits of integration become 0 to z, and 


*r 1+cos? 0+2 cos @cos . 
on i pat Worptz aay cite as 
= bf S4 ae sin 6d0 
1 


re 7 2 s 
"Sines Cf. sin adb+ |. cos? @ sin 6d6 


+2 cosa f° cos @ sin 0dé) 
J0 
2 


= 3(1 +cos a) ; 
The variation of I with a has been plotted in Fig. 6, to- 
gether with directivity patterns which are obtained 
directly from f(Q). 


APPENDIX B. EFFECT OF SEPARATION OF THE ELEMENTS 
ON THE DIRECTIVITY INDEX 

The directivity index for two elements which lie in a 

plane normal to the zero-degree axis but are separated by a 

distance d may be derived as follows provided the elements 

otherwise satisfy the conditions set forth as necessary for 

the validity of Eq. (4). (See also Fig. 25.) In this case the 
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phase difference between the outputs is given by 


2ra 2nd >= ; 
-=—— cos =k cos ®, 
v r 


d=separation of the elements, 


f 


&=angle which incident sound makes with the axis of the 
ribbon, 
k=2nd/), 


then 


Eap=e,(1+cos 68), 


Eag=e,[1 +cos? 6+2 cos 6 cos (Rk cos ®) ] 


but cos 0@=sin ® cos y (see Fig. 25) 
i 2 , 


Ego=e,(1+sin? & cos? y+2 sin ® cos y cos (k cos ®)], 
by integrating over a unit sphere the directivity index as 
defined by Eq. (1) can be derived 


f(Q) = [1 +sin? ® cos? y+2 sin ® cos y cos (k cos &) } 
— a ~ _ “ ‘) : a aa _ ’ 


dQ=sin édbdy, 


the limits of integration become 0 to z for #, 0 to 2 for y 


oe ee | 
. J " [sin +sin? & cos? + 


. 167 0/0 
+2 sin? @ cos (Rk cos ®) cos ydbdy] 


1 


3° 
The directivity index is therefore independent of the 
separation of the elements. 
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Room Noise Spectra at Subscribers’ Telephone Locations 


DANIEL F, HotH 
Bell Telethone Laboratories, New York, New York 
(Received February 7, 1941) 


HAT room noise can be a distinct handicap 

to conversation by masking the speech 
sounds in the ear of the listener and thus 
impairing the ease and accuracy of reception is 
of considerable concern to the telephone en- 
gineer. Room noise not only complicates the 
problems involved in the design and engineering 
of telephone systems capable of affording satis- 
factory service, but it is also one of the factors 
which affect the costs of the telephone plant. 
The effects of noise on telephone conversation 
depend, of course, upon the characteristics of the 
noises which occur at the places where tele- 
phones are being used. The arrangements and 
practices necessary for reducing the effects of 
noise depend upon a knowledge of these charac- 
teristics. As a result numerous measurements of 
room noise have been made from time to time 
over a period of many years by Bell System 
engineers. For the most part such measurements 
have involved the determination of a single 
figure to represent the noise measured, as in the 
recent survey of sound levels described by Mr. 
D. F. Seacord in the July, 1940, issue of The 
Journal of the Acoustical Society of America. 
While such measurements are invaluable in 
providing information on the frequency of oc- 
currence of different noise levels at telephone 
locations, their value is enhanced by additional 
measurements of the distribution of the noise 
energy throughout the frequency band involved 
in the reception of speech. The present paper 
describes such measurements and shows the 
effects of a number of contributing factors on the 
spectrum of the noise. It is shown that the 
spectrum 
shape. 


of room noise has a characteristic 


SCOPE OF MEASUREMENTS 


This paper is principally concerned with the 
results of a general study of the spectrum of 
room noise made at telephone locations in and 
around Philadelphia. Since the magnitude and 
nature of the variation in spectrum which would 
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be found from one location to another was not 
known, the survey was started on the basis of 
taking measurements at a relatively small 
number of locations covering a range of condi- 
tions and reviewing these results before obtain- 
ing additional data. A brief review of the results 
obtained at 31 locations indicated that the 
shape of the spectrum of the noise was sufficiently 
uniform from location to location so that these 
data gave a picture of the noise spectrum 
which was adequate for the purpose for which 
the measurements were made. It accordingly 
appeared unnecessary to extend the program. 
The types of locations measured were divided 
as follows: 9 stores, 11 offices, 8 miscellaneous 
locations, and 3 residences. 

Due to the low level of noise at residences, and 
the limited sensitivity of the measuring instru- 
ment, it was impossible to measure over the 
entire frequency range at these locations. For 
this reason, only three residences were measured. 

Measurements were also made in a total of 
about 30 offices in two Bell System office build- 
ings in New York. The locations measured are 
all of nearly the same type and may not repre- 
sent a typical group of offices. The results of 
these measurements are principally of interest 
in showing the comparison with the results of the 
Philadelphia study, of a completely independent 
set of data. 


MEASURING METHODS 


Measurements of noise level are ordinarily 
made with a sound level meter consisting of a 
microphone, a weighting network, an amplifier 
and an indicating instrument. Such a device 
gives readings which correspond to the over-all 
level of the noise without telling the user any- 
thing about the relative importance of the 
various frequency components which make up 
the noise. However, by associating a variable 
band pass filter with the sound meter, measure- 
ments can be made of the noise level in each 
of a number of limited bands of frequencies and 
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Fic. 1. Room noise at several individual locations measured 
in 500-cycle bands. 40-db sound meter weighting. 


from these levels the spectrum of the noise can be 
derived. For such measurements of a _ noise 
having a harmonic type of spectrum, a sharply 
tuned analyzer with a narrow pass band is 
ordinarily used and each individual component 
is measured separately. For a noise having a 
continuous spectrum, as has ordinary room 
noise, a band analyzer which passes a moderately 
wide band of frequencies is more satisfactory. 

The measurements discussed in this paper 
were made with a moving coil microphone, a 
sound level meter containing a 40-db ear weight- 
ing network and an analyzer having 500-cycle 
and 22-cycle pass bands. There would be some 
advantages in using a flat weighting in such 
measurements but this was impracticable with 
the equipment available for these measurements. 
All the original measurements, therefore, in- 
clude the effects of a 40-db weighting network 
but the data have been corrected to absolute 
terms as will be discussed later. The sound-level 
meter was calibrated in accordance with the 
ASA standards for sound level meters.* 

Measurements were made in ten 500-cycle 
bands covering the frequency range up to 5000 
cycles. They were centered at 250, 750, etc., 
cycles up to 4750 cycles. In addition, measure- 
ments were made at most locations in 22-cycle 
bands centered at 100, 200, 300, 400, 500 and 
600 cycles. 

Since the different bands were not measured 
simultaneously, the effects of time variations in 
the over-all noise level were minimized by first 
making a measurement in each of the bands, 
and then repeating the complete set of measure- 


* “American tentative standards for sound level meters,” 


ASA Z24.3 (Feb. 17, 1936). 
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ments until ten readings had been taken in each 
band at each location. 


COMPARISON OF BAND DATA FOR 
DIFFERENT CONDITIONS 


Figure 1 shows the results of the band measure- 
ments of room noise at a number of individual 
business locations in the Philadelphia survey 
These curves are based on the 500-cycle band 
data only and have been drawn by connecting 
with straight lines the average sound meter 
readings plotted at the midpoints of the bands. 
The effect of the 40-db sound meter weighting 
network is included in these curves and con- 
sequently their shapes, i.e., variation with 
frequency, are quite different from the acoustic 
spectra of the noises measured. For example, 
since the weighting network reduces the re- 
sponse of the measuring equipment to fre- 
quencies below 1000 cycles, the readings in the 
low frequency bands are lower than they would 
be with a flat weighting. The purpose of these 
curves is to show qualitatively the character of 
the variation in the noise spectrum from one 
location to another. The type of location and the 
sound level of the total noise is shown for each 
curve. The locations shown were selected from 
all the data to cover a wide range of sound 
levels and of types of locations. The curves 
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Fic. 2. Comparison by type of location of room noise 
measured in 500-cycle bands. 40-db sound meter weighting. 
Data adjusted to 50-db sound level. 


suggest that the shape of the spectrum of the 
noise has the same general character regardless 
of type of location or of the over-all level of the 
noise. 

The effect of the type of location on the noise 
spectrum is shown more completely by Fig. 2. 
On this drawing the average spectrum is shown 
for each of four types of locations: stores, offices, 
miscellaneous business locations, and residences. 
Data taken at individual locations were shifted 
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ROOM NOISE 
to correspond to a 50-db room noise level and 
then averaged. Except for these differences, the 
curves are similar to those shown in Fig. 1 
and the effect of the sound meter weighting is 
included as before. Fig. 2 shows that the shape 
of the average room noise spectrum is essentially 
the same for all of these types of locations al- 
though it appears that offices have slightly more 
high frequency noise, due probably to office 
machinery. Due to the generally low level of 
residence room noise, data could not be ob- 
tained in the high frequency bands with the 
result that the residence curve is based on only 
four bands covering the frequency range up to 
2000 cycles. Over this range the residence curve, 
based, however, on only three locations, is 
indistinguishable from the business curves. 

The effect of the over-all noise level on the 
shape of the noise spectrum is shown in Fig. 3. 
Three curves are shown (1) for locations having 
an over-all noise level of less than 60 db, (2) 
for locations having a level between 60 and 64.9 
db and (3) for locations having a level of 65 db 
or more. The shapes of the three curves, after 
adjustment to a common sound level of 50 db, 
are quite similar, the maximum difference at 
any frequency being about 2 db. 

The data discussed above were all obtained in 
the summer. Another possible type of variation 
in spectrum is a seasonal variation. Figure 4 
shows the results of measurements made in a 
single location in New York under conditions 
which were set up to simulate differences likely 
to be found between winter and summer condi- 
tions. The average sound meter readings ob- 
tained for 500-cycle bands have been plotted. 
The winter condition is represented by the lower 
curve which was obtained with windows closed 
and the fan off. The upper curve represents a 
summer condition with the windows wide open 
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Fic. 3. Relative levels of 500-cycle band measurements 
for different absolute levels of room noise. Data adjusted 
to 50-db sound level. 
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and the electric fan on. The middle curve is a 
common in-between condition with the windows 
partly open and the fan off. Since noises other 
than street and fan noise were deliberately kept 
at low values in these tests, the differences be- 
tween the spectra obtained with the extreme 
conditions give an approximate picture of the 
maximum effect of seasonal variations. The 
presence of other noises such as conversation 
and typewriter noise would, of course, tend to 
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Fic. 4. The effect of noise from street and electric 
fan on room noise in a small office. 40-db sound meter 
weighting. 


reduce the variations. It is reasonable to con- 
clude, therefore, that the seasonal changes in the 
shape of the room noise spectrum are not ordi- 
narily very large. 

It has been shown that the general character 
of the average spectrum of room noise is not 
greatly affected by the type of location, by the 
level of the noise, or by seasonal effects. It is 
therefore reasonable to assume that, although 
the spectrum of noise at an individual location 
may be greatly affected by the presence of some 
particular noise source, the average spectrum 
measured at any ordinary group of telephone 
locations would be similar in shape to the average 
spectrum measured in Philadelphia. 


METHOD OF DETERMINING ABSOLUTE SPECTRUM 


The data presented so far have been in the 
form of average sound meter readings measured 
in 500-cycle bands. Since the sound meter con- 
tains a weighting network which attenuates the 
low frequencies, the shapes of the true spectra 
are different from those which have been shown. 
These curves were satisfactory when it was only 
desired to compare results obtained under differ- 
ent conditions with the same measuring equip- 
ment, but further work must be done to obtain 

































DANIEL 






















































































[+] 
° 
o 
< 
a 
< 
wi 
a | 
x | 
wi t 
_ 
e | 
= 25 ttt + X-ORIGINAL 22 CYCLE BAND DATA 
Zz 0-22 CYCLE BAND DATA ADJUSTED TO' 
3 20 | CORRESPOND TO 500 CYCLE BAND DATA 
9° ainsi raed cnet 7 
| 
Ske a ae Ee = t 
50 100 200 500 1000 2000 5000 


FREQUENCY IN CYCLES PER SECOND 


Fic. 5. Average levels of noise in bands at 28 business 
locations in and around Philadelphia. 40-db sound meter 
weighting. 


an absolute spectrum of the noise. The derivation 
of an average absolute spectrum from the 
Philadelphia data will now be discussed. 

Before the sound meter data can be converted 
into absolute terms, an average spectrum in the 
form of sound meter readings must be found. 
Such an average curve can be determined to 
correspond to a particular over-all noise level 
and in its application can be shifted up or down 
to correspond to any desired level. Data at 
individual locations were therefore shifted to 
correspond to an over-all noise level of 50 db 
as would be measured with a sound level meter 
with 40-db weighting. This was done by adding, 
on a power basis, the average readings obtained 
in the 500-cycle bands and thus determined the 
over-all sound level of the noise. The data in 
all the bands were then shifted by the difference 
between this value and 50 db. 

The over-all level of the noise could also be 
found from sound meter readings made with the 
analyzer disconnected. Such measurements were 
actually made and it was found that the results 
were not in exact agreement with the over-all 
levels obtained by adding the band measure- 
ments on a power basis. The differences were 
ordinarily of the order of one or two db although 
sometimes they were larger. It is beyond the 
scope of this paper to discuss the reasons for 
these differences, but a detailed consideration of 
them indicated that the use of a computed sound 
level based on the power sum provides a more 
accurate basis for adjusting the band data than 
the measured sound levels of the total noise. 

After shifting the data obtained at individual 
locations to 50 db, the data obtained at all 
the business locations were averaged together 
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and these are shown on Fig. 5. The 500-cycle 
bands are represented by the horizontal b 
and the 22-cycle bands by the x points. 

Since there is less energy in a 22-cycle band 
than in a 500-cycle band, the readings obtained 
in the narrow bands are inherently lower than 
obtained for the wide bands. It is necessary to 
put the measurements obtained for bands of both 
widths on a common basis. To do this a smooth 
curve was drawn through the narrow band data 
and points were read from this curve at 50, 
150, 250, 350 and 450 cycles. These five readings 
were averaged on a power basis, giving the 
weighted average power over the frequency 
range from zero to 500 cycles. The amount by 
which this average is lower than the average 
sound meter reading in the 0-500 cycle band 
gives the amount of the shift required to put the 
narrow band data on a basis corresponding 
to the wide band data. The computation for 
the data shown on Fig. 5 is given in Table I, 

Since the average sound meter reading for the 
0-500 cycle band is 43.6 db, the 22-cycle band 
data must be shifted upwards 43.6—26.9=16.7 
db. This has been done for each of the narrow 
band (x) points. The resulting shifted values 
are shown by the 0 points. Also shown on Fig. 5 
is a smooth curve drawn to fit approximately the 
band data. 

It is next necessary to remove the effect of the 
sound meter weighting from the values for the 
bands. The random incidence response of the 
sound meter and analyzer is shown on Fig. 6. 
By subtracting the sound meter response from 
the average band levels shown on Fig. 5, the 
absolute level of the room noise may be found 
for each band. 

The question immediately arises, however, 
since the sound meter response varies continu- 


ars 


TABLE I. 


FREQUENCY LEVEL—DB REL. POWER 


50 7.5 56 
150 24.2 263 
250 26.9 490 
350 28.6 725 
450 29.7 933 


Sum 2467 
Average Power = = = 493 


Average Level = 26.9 db 
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ously with frequency, as to what frequency 
should determine the response to be used in 
correcting each band. An obvious procedure is to 
use the sound meter response at each band center. 
This procedure is reasonably accurate providing 
the sound meter response does not vary much 
over the width of the band. This condition is 
satisfied for the 22-cycle bands because of the 
narrow width of the bands and, for the wide 
bands above 1000 cycles, because of the flatness 
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Fic. 6. Response of sound level meter and band analyzer. 


of the response of the equipment to high fre- 
quencies. In the case of the 500-1000-cycle band, 
the use of the band center response is inaccurate 
and therefore the weighted power average of the 
response over this entire band was used. 

Figure 7 shows for the Philadelphia measure- 
ments the average room spectrum in 
terms of the sound pressure per cycle in db 
versus One dyne per square centimeter. The 
horizontal lines represent the 500-cycle bands 
and the points the 22-cycle bands. These data 
were obtained by subtracting the meter response 
from the band levels of Fig. 5 and then lowering 
the resulting difference by 100.8 db, of which 27 
db represents the adjustment necessary to 
convert from a band width of 500 cycles to a 
band of one cycle, and the remainder the shift 
in the reference from reference sound pressure to 
one dyne per square centimeter. 


noise 


TypicAL Room NoIsE SPECTRA 


The curve shown on Fig. 7 represents what 
available data indicate to be a _ reasonably 
typical room noise spectrum. It represents the 
average of spectra measured at 28 ordinary 
business telephone locations shifted to corre- 
spond to an over-all sound level of 50 db as 
measured with a sound-level meter with 40-db 
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Fic. 7. Average spectrum of room noise in 28 business 
locations in and around Philadelphia. Spectrum adjusted 
to give a sound meter reading of 50 db, using 40-db 
weighting. 


ear weighting. Various types of measuring 
errors combine to make the curve shown in 
Fig. 7 accurate to about 2 db over most of the 
frequency range. The accuracy in the very low 
and the very high frequencies is somewhat poorer. 
In the low frequencies in particular, there are a 
number of factors which tend to increase the 
error. The equipment response changes rapidly 
with frequency in this region and an error in the 
analyzer setting which would be negligible at 
higher frequencies may have a _ considerable 
effect. In addition, the noise in the narrow bands 
is much more highly variable than in the wide 
band and the accuracy of measurement is 
correspondingly reduced. Thirdly, the sound 
meter readings obtained in those bands were so 
low that in some cases none could be taken. 

The data obtained at the individual locations 
may, of course, differ by varying amounts from 
the average. An approximate measure of the 
extent of this variation for any particular band 
is given by the standard deviation of the level 
of the band at an individual location from the 
average. Since the point of interest here is 
variations in the shape of the spectrum, this 
standard deviation is obtained after shifting the 
data at the individual locations to 50 db over-all 
level. The standard deviation of each band is 
shown in Table II. 

The standard deviations of the narrow bands 
are somewhat larger than the values for the 
corresponding wide bands because the noise in 
the narrow bands is much more highly variable 
than in the wide bands, and the accuracy of 
measurement was, therefore, not as good. 
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Taken literally these figures indicate that if 
similar measurements were made at another 
group of locations selected at random, roughly 
two-thirds of the measurements obtained in the 
individual bands after adjustment to 50-db 
sound level would be expected to be within 
from 2 to 4 db of the typical values shown on 
Fig. 7. It is doubtful, however, whether as close 
an agreement with the average curve shown 
here should be expected in view of the small 
number of locations measured and the fact that 
the measurements were made in only one section 
of the country. 

The average spectrum of noise in two Bell 
System office buildings in New York City is 
shown in Fig. 8. It is somewhat steeper than the 
average spectrum measured in Philadelphia 
which is also shown. The curves differ by about 
2 db at 100 cycles, cross near 1000 cycles, and 
differ by about 5 db at 5000 cycles. The spectrum 
for the Bell System buildings represents the 
average of about 30 locations, and therefore on 
the basis of the standard deviations derived from 
the Philadelphia data the two curves would be 
expected to agree much more closely. However, 
the Bell System office building curve does not 
represent the average of a random selection of 
locations but of the average of locations all 
having similar characteristics. These measure- 
ments were made, not as part of a general study, 
but because a knowledge of the spectra in the 
specific locations tested was desired. The Bell 
System office building curve gives an idea of 
how the average spectrum measured at a group 


TABLE II. Standard deviations of bands. 


STANDARD STANDARD 

BAND DEV.—DB BAND DEv.—DB 
90-110~ 6 0-500~ 2 
190-210~ 3 500-1000~ 1 
290-310~ 3 1000-1500~ Z 
390-410~ 3 1500-—2000~ 2 
490-510~ 2 2000-—2500~ 2 
590-610~ 2 2500-—3000~ 3 
3000-3500~ 3 
3500-4000 ~ 3 
4000-4500~ 3 
4500-5000~ 4 
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Fic. 8. Average spectrum of room noise in offices at 
463 West Street and 195 Broadway, New York City, 
compared with spectrum of Fig. 7. j 


of locations which all have similar characteristics 
and do not represent a random sample of loca- 
tions may differ from the average spectrum ob- 
tained from the Philadelphia study. 


CONCLUSION 


A study of the spectrum of room noise at 
telephone locations made at 31 locations in 
Philadelphia and vicinity has been discussed. 
The derivation of an average spectrum from 
the original data has been described. This curve, 
shown on Fig. 7, represents the average spectrum 
of room noise at business telephone locations 
expressed in pressure per cycle in db versus one 
dyne per square centimeter when the over-all 
sound level of the noise is 50 db. The curve may 
be raised or lowered to give the spectrum of room 
noise having a higher or lower sound level. In 
addition, the results of a similar series of measure- 
ments in about 30 offices in two Bell System 
office buildings in New York have been pre- 
sented. Both of these studies show that the 
general shape of the spectrum is approximately 
the same at all telephone locations with the 
highest pressure per cycle in the low frequencies 
and the lowest in the high frequencies. It has 
been shown that, on the average, the pressure 
per cycle uniformly with 
frequency. 
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Ultrasonic Absorption in Water 


Francis E. Fox AND GeorGE D. Rock 
Department of Physics, Catholic University of America, Washington, D. C. 


(Received February 7, 1941) 


The coefficient of absorption (2av~*) of ultrasonic waves was measured by a radiation 
pressure method at frequencies from 7 to 50 Mc. The average value is given for each frequency. 
These cluster closely around 43.1 10-!’, and there is no indication of a drop in 2av~*. Errors 
entering into absorption measurements are discussed. 


INTRODUCTION 


EASUREMENTS of the absorption of 
sound waves in liquids, especially in water, 
have been made by many investigators. There 
seems to be almost no agreement among the 
measured values, or with the values to be 
expected from theoretical considerations.' The 
measured coefficients range from several times 
the theoretical value to several thousand times 
this value. This induced the present writers to 
take up the problem, and many measurements 
were made of the coefficient of absorption under 
various experimental conditions at different 
frequencies. These investigations disclosed sev- 
eral sources of error that must have contributed 
to the discordant results of other investigators. 
The classical theory as developed by Stokes 
and Kirchhoff indicates that the coefficient of 
absorption (defined by J,=Joe~°** where J, and 
J) are the intensities at x and x=0 so that a is 
the amplitude attenuation factor per cm and 2a 
is the corresponding coefficient for the intensity 
attenuation) should be dependent on the vis- 
cosity and thermal conductivity of the medium, 
and should increase as the square of the fre- 
quency v. Thus it is useful to compare not 2a, 
but 2av~*. For water at room temperatures the 
calculated value of 2av~* is about 17 X10-"? and 
is due almost entirely to the viscosity term. 


EXPERIMENTAL METHOD 


The wide range of measured values in the 
literature seemed to indicate that some of the 
results might be due to the errors inherent in 
the methods used, and a method was sought 
that would combine the greatest simplicity with 





1G. K. Hartmann and A. B. Focke, Phys. Rev. 57, 221 
(1940). See, for example, Fig. 1. 
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the smallest number of assumptions in the 
interpretation of the measurements. The steady 
radiation pressure exerted on an obstacle placed 
in the sound beam at different distances from 
the source seemed best able to meet these 
requirements. In spite of its apparent simplicity, 
this method has yielded, with different investi- 
gators, widely different results, for example, 
Biquard’s* values of 63 to Sérensen’s* 45,000 
for 2av-* X10". 


APPARATUS 
(a) Sound source 


The sound sources used in most of this work 
were two x-cut quartz crystals one inch square 
with fundamental frequencies of 1.063 and 3.175 
megacycles, respectively. These were cemented 
to heavy brass plates in which an opening had 
been cut slightly smaller than the crystals, so 
that only a small rim of the crystal was actually 
in contact with the plate. These plates were 
then sputtered with platinum so that the side on 
which the crystal was cemented was a continuous 
conducting surface which was kept at ground 
potential. The rear surface of the crystal was 
then sputtered after a coating of wax about 
one mm wide had been placed around the edge 
of the crystal face showing through the plate. 
The wax was then removed, thus insulating the 
rear face from the supporting plate, and the 
high voltages were applied to this surface. 

In order to secure sufficient power for driving 
these sources, an oscillator was constructed that 
could deliver up to 300 watts of electrical power 
at frequencies from 1 to 20 Mc and about 50 

2M. P. Biquard, Théses Université de Paris (1935); 


Ann. de physique 6, 195 (1936). 
3 C, Sérensen, Ann. d. Physik 26, 120 (1936). 
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watts up to 50 Mc. A frequency stabilized 
oscillator having a tuning range from 1 to 2 Mc 
furnished the master frequency control. The 
output of this was fed into a buffer amplifer, 
and this whole unit provided with a voltage- 
stabilized power supply. The frequency stability 
of the unit proved to be good enough to warrant 
using a vernier scale reading 1/20 of a division 
on the main frequency control dial which had 
about 500 divisions for the full tuning range 
from 1 to 2 Mc. Since it was planned to use this 
equipment in other work, an electrical band 
spread condenser was also incorporated on which 
60 divisions of the vernier produced a frequency 
change equivalent to one division on the main 
dial at the low frequency end of the scale and to 
6 divisions at the high frequency end. In practice 
this was used to adjust the oscillator so that its 
fifth harmonic was at zero-beat with the 5 Mc 
frequency standard broadcast of the National 
Bureau of Standards station WWV when the 
main dial was set at the calibrated reading for 
1 Mc. The output from the buffer amplifier is 
fed to a series of frequency-doubling tubes and 
a switch allows one to feed the output of any 
doubler into a power amplifier. A separate power 
supply was provided for these doublers and a 
third for the last stage, in which the plate 
voltage can be varied from 0 to 2500 volts by 
means of a Variac in the primary of the 
transformer. 


{b) Detector 


Beads and disks of various dimensions were 
suspended by two single strands of Nylon thread 
in a plane normal to the sound beam, spreading 
to a width of 30 or 40 cm at the top of the 
suspension which was, at times, almost 2 meters 
long. The deflection caused by the acoustic 
radiation pressure was used to measure the 
intensity of the sound beam. For the more 
sensitive arrangements a shield enclosing the 
suspension system cut off air currents that might 
disturb the measurements. The whole suspension 
system could be moved along a track parallel to 
the sound beam, insuring that the obstacle 
remained in a line normal to the geometrical 
center of the source. Beads of various sizes and 
density were used. When disks were used they 
were usually made of thin laminae of glass 
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separated by a layer of air, the whole arrange- 
ment being weighted on the rear face with small 
lead shot to permit a variation of sensitivity. 
A scale for reading the deflection was provided 
on the same support to which the suspension 
was attached, making it unnecessary to observe 
a new “zero” deflection point at each setting of 
the detector. A set of metric scales (one trans- 
parent) mounted on the glass sides of the liquid 
container enabled one to read without serious 
parallax errors how far from the source the 
detector happened to be when actually deflected 
by the sound pressure. 

An idea of the sensitivity obtainable is given 
by the following data: With a suspension 170 
cm long and measuring 153 cm from the support 
to the deflection (or y) scale, a deflection of 1 cm 
was produced by a sound beam of 0.018 watt 
cm~ intensity. The stability of the bead and 
fine suspension made it possible to estimate the 
deflection to a fifth of a mm at this sensitivity. 

The distance between the detector and the 
sound source (i.e., the x dimension) was read 
to the nearest mm mark—except for the highest 
frequency, where the high absorption made it 
necessary to take deflections at x positions not 
too widely separated and then the x positions 
were estimated to } of a mm. For example, at 
the highest frequency used, the intensity falls to 
e-! in about one centimeter. For measuring the 
absorption coefficient it is only necessary to 
measure relative intensities. But from previous 
work! it was possible, when using spheres as 
detectors, to determine from the size, weight in 
length, the absolute 
intensity of the sound beam. The importance of 
this will appear later. 


water, and suspension 


The absorption was measured at room temper- 
ature and no attempt was made to control the 
purity of the water. Preliminary measurements 
had indicated that the effect of small temperature 
variations was masked by the experimental 
error. The same was true for any variations in 
the purity of water that had been allowed to 
stand in the open container for periods of more 
than a week. The temperature was recorded 
for each measurement and all were between 21.0 
and 23.0°C. 


4F.E. Fox, J. Acous. Soc. Am. 12, 147 (1940). 
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Fic. 1. Effect of flow. 


ERRORS AND DISTURBING FACTORS 
(a) Flow 


Preliminary measurements indicated that there 
were several disturbing factors present that 
must be eliminated before any attempt could 
be made to measure absorption. The first was a 
hydrodynamic or mass flow of water away from 
the sound source. Flow velocity as high as 
several cm per sec. was observed, and the 
pressure exerted by this could be greater than 
that of the radiation pressure itself. Curiously 
enough, the divergence of the flow streamlines, 
with resultant decrease of hydrodynamic pres- 
sure on the detector, sometimes produced actual 
deflection at different x distances that fell along 
an approximate logarithmic curve so that the 
deflection plotted on semilog paper looked as 
though they defined, poorly but recognizably, 
a straight line. Since these streamlines are so 
much dependent not only on the shape of the 
container but on that of the detector itself 
(e.g., a cone open to receive all the radiation, as 
compared with a small sphere) one cannot but 
feel that this phenomenon is partly responsible 
for the great spread of values obtained by 
different observers, especially in the frequency 
range from 0.1 to 2.0 megacycles. 

This difficulty can be avoided almost entirely, 
as Biquard? pointed out, by placing a very thin 
film of collodion, or the ‘‘microfilm’’ used in 
building model airplanes, in front of the detector. 
This can be made quite uniform at thicknesses 
of the order of several wave-lengths of light, so 
that transmitted or reflected white light shows 
an even color over an area as large as fifteen cm 
square. Such films are strong enough to be 





moved carefully in water if attached to a wire 
frame. In practice, such a film was brought close 
(within several mm) to the obstacle before 
reading a deflection to be used in computing 
absorption. Actually, if the bead is not too near 
the source the film need not be so close. Figure 1 
shows the effect of such a screen placed at 


different positions between the source and the 
bead. 


(b) Sound divergence 


The sound field of a theoretical plane piston 
radiating from an infinite baffle into a semi- 
infinite medium is dependent upon the ratio of 
the diameter of the piston to the wave-length of 
the sound emitted®> and it is only when this 
ratio is large that an approach to “‘plane waves” 
is guaranteed, which plane waves are assumed 
in the simple attenuation formula given above. 
In addition to the spread of energy in a cone, 
or concentric cones, the intensity along a line 
normal to the geometrical center of the piston 
varies from zero to a maximum intensity due to 
diffraction effects and this variation becomes 
more rapid as one approaches the source. This 
will cause, with very small beads, instability in 
regions where the intensity is changing rapidly 
as a function of x, and may result in measure- 
ments of intensity that seem to vary in a 
perfectly random fashion. These difficulties may 
be avoided to a great extent by using obstacles 
large enough to smooth out point-to-point 
variations in intensity, and intercepting all of 
the energy in the cones containing a pre-calcu- 
lated fraction of the energy. These precautions 
are, of course, more easily carried out with high 
frequencies. 


(c) Multiple reflection 


There is a third source of error, namely 
reflection. It was principally this factor that 
determined us to limit the present work to 
frequencies higher than seven megacycles. At 
one megacycle, judging from the measurements 
for higher frequencies, the sound beam must 
travel twenty-five meters before the intensity 
falls to e~!. Many reflections must occur in a 
container such as normally used before the sound 


5 F, E. Fox and G. D. Rock, Phys. Rev. 54, 223 (1938). 
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Fic. 2. Variation of 2av~ with intensity. 


is sufficiently attenuated to be considered 


negligible. 
(d) Surface tension 


When the maximum sensitivity of the detector 
was used, it was noticed that the zero reading 
of the bead seemed to vary as much as a mm or 
more. Although it appeared to be quite steady 
in the rest position, this position seemed to 
depend on how the bead had been deflected 
immediately before. This was eventually found 
to be due to a film that formed on the surface 
of the water overnight. If this was removed 
carefully before making any readings the zero 
reading could be repeated, with even the most 
sensitive suspension used, to a fifth of a mm. 


(e) High intensity 


A series of measurements was made using the 
third, fifth---fifteenth harmonic of the 3.-Mc 
crystal. During these measurements little atten- 
tion was devoted to checking the absolute 
intensity of the sound beam, and a variety of 
different disks were used as detectors. In general, 
disks with large diameters were used with the 
lower frequencies in order to insure that the 
detector intercepted all but a negligible fraction 
of the energy. This resulted usually in a heavier 
disk and the power was kept at a value that 
would give deflection of several cm at the x 
position chosen for the first deflection. Deflection 
was then plotted against x position on semilog 
paper and the absorption coefficient determined 
from the slope of the line. At times a large 
number of two-point readings were made, with 
slightly different x positions but over approxi- 
mately the same interval, and the coefficient 
computed from these pairs. The points in the 
first method fell on a straight line to the accuracy 


AND G. D. 


ROCK 


with which the different scales could be read 
and the stability of the bead would lead one 
to expect. 

One puzzling feature of the measurements jn 
the lower frequency range was the ability to 
measure under a given experimental set of 
conditions—same frequency, same detector, same 

the same absorption coefficient 
time after time with a maximum spread of less 
than 10 percent. Yet with a different detector 
and, therefore, usually with a different power, 


power, etc. 


the coefficients at a given frequency would again 
cluster around a value very closely, but this 
value might be 20 or 30 percent different from 
the average on a previous day with a different 
detector. 

However, when all coefficients measured at 
each frequency were averaged these showed 
2av~* X10" ~ 60 at 7.448 Me, gradually dropping 
to 44 at 47.84 Mec. This would indicate a decrease 
from a low frequency maximum absorption (see 
later). But the low frequency 2ayv~* was much 
higher than those (36 to 40X10-"’) previously 
found with the interferometer.® For this reason, 
and because of the variations mentioned above, 
we felt that further work was necessarv before 
one could say anything definite about the reality 
of the decrease of 2av~ at high frequencies. 

The difficulty was finally cleared up in a series 
of measurements made at 9.629 Me in which a 
bead of constant radius was given different 
sensitivity by placing small lead weights in a 
hole drilled through the bead at right angles to 
the sound beam. The different effective bead 
densities thus produced necessitated using differ- 
ent intensities of the sound beam to give the 
same initial deflection. There marked 
variation of the measured absorption with the 
intensity of the sound beam. At maximum bead 


Was a 


sensitivity (therefore, minimum intensity) 2av~ 
X10" had fallen to approximately the same as 
that measured at 47.84 Mc. Figure 2 gives 
2av~?X10!7 measured at different intensities and 
at different frequencies. For intensities less than 
0.045 watt cm the values cluster around 42 
for all frequencies, the spread being fairly large 
because of the difficulty of estimating the smaller 
deflections accurately. 


6F. E. Fox, Phys. Rev. 52, 973 (1937). 
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ULTRASONIC ABSORPTION 


Richards,’ following Boyle, Taylor and Fro- 
man,® remarks that cavitation begins in liquids 
at intensities of about 0.03 watt cm in the 
ultrasonic range. This seems to provide an 
explanation of the increased absorption above 
0.045 watt cm~ shown in Fig. 2, since cavitation 
would increase the measured absorption coeffi- 
cient. Although nothing further has been done, 
as yet, to show that the high absorption was 
actually due to cavitation, it is evident that 
Fig. 2 might furnish an explanation for the ob- 
served trend towards large 2av~ for low fre- 
quencies. Having plenty of power available at 
these frequencies, we had used larger obstacles, 
usually disks large enough to ensure efficient 
coverage of the sound beam. These were used 
with large deflections to increase the ease of 
reading the smaller differences due to absorption. 
Thus, as the frequency decreased, the measure- 
ments were being made at higher and higher 
intensity levels. The most sensitive detecting 
arrangement had been used at 47.84 Mc because 
of the low efficiency of the oscillator and the 
sound source working at its 15th harmonic. 


THEORETICAL 


It is useful at this point to indicate the 
importance of accurate measurements of the 
coefficient of absorption. All investigators agree 
that in most liquids the absorption is at least 
several times that due to viscosity and heat 
conduction. However, Bar? has measured in 
mercury 2av~* within 30 percent of the value 
calculated on the basis of the classical theory. 
This has led to the belief that the cause of the 
high coefficients for most liquids must be sought, 
as in polyatomic gases, in phenomena not 
included in the classical treatment. Accordingly, 
Kneser!®* and others'®» generalized the consider- 
ations first successfully used in the treatment of 
acoustic phenomena in gases. According to this 
picture, the increase in absorption is due to the 
slowness of energy exchange between external 
and internal degrees of freedom. In the theo- 





™W. T. Richards, Rev. Mod. Phys. 11, 36 (1939). 


®R. W. Boyle, G. B. Taylor and D. K. Froman, Trans. 


Roy. Soc. Canada 23, 187 (1929). 
*R. Bar, Helv. Phys. Acta 10, 333 (1937). 


(a) H. O. Kneser, Ann. d. Physik 32, 277 (1938). 
(b) For a detailed discussion and bibliography see W. T. 


Richards, reference 7. 
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retical treatment two quantities determine the 
absorption and dispersion. One is a dimension- 
less factor (n) depending upon the ratio of the 
energies of the internal and external degree of 
freedom, or the ‘‘full’’ to the ‘‘effective” specific 
heat. The other is the time (7) necessary to 
establish equilibrium among the various degrees 
of freedom. This is called the relaxation time, 
or the mean lifetime of the excited state. (In 
the complete description a separate yn and r 
might have to be included for each excited state 
or degree of freedom sharing in the energy 
exchange.) We introduce two constants, A and 
vm, the first being proportional to the dimension- 
less constant mentioned above and the second 
being inversely proportional to +r. The most 
useful way to discuss the experiments is to 
consider 2av~*. The theory then gives* 


2av? =A (1+ r?v,-?) 1+ (2av) ¢, 


the second term being the classical absorption 
coefficient due to the viscosity and heat con- 
duction. Figure 3 shows the shape of the curve. 
The coefficient (2av~*)rz due to the relaxation is 
constant for low frequencies, but it decreases as 
the period of the sound approaches the relaxation 
time, and disappears at high frequencies where 
there is only a negligible amount of energy get- 
ting into the inner degrees of freedom. At these 
frequencies we would expect to find the classical 
value (2av~*)c, whereas at low frequencies the 
sum (2av~*)ric might be many times the 
classical value. Of course the drop from (2av~)r+¢ 
to (2av~*)¢ might not occur in one step, but the 


% 
> 
s 
\ 
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Fic. 3. Variation of 2av~? with frequency (theoretical). 


* 4 =2umV—vm defines the constant A. Here v» is the 
frequency at which y, the absorption coefficient per wave- 
length, has its maximum value um, and V is the sound 
velocity at the same frequency. 
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Fic. 4. Coefficient of absorption. 


frequencies at which any such drops are meas- 
ured will be useful in a description of the liquid 
state. However, in the absence of more precise 
measurements" than have been available up to 
the present, one cannot find definite experimental 
evidence of the drop of 2av~ with increasing 
frequency. 


EXPERIMENTAL RESULTS 


The final measurements were made over a 
frequency range from 7.448 to 47.84 Mc, using 
intensities less than 0.04 watt cm~*. The averagey 
of 2av—?X10"" for each frequency is given in 
Fig. 4. Within the accuracy of the measurements 
(the maximum spread at any frequency is less 
than 12 percent) there is no indication of a 
decrease. The average of the plotted points is 
43.1. Some values of other observers are indi- 
cated on the same figure. The agreement with 
Grobe” is excellent, and with Bar® is within the 
accuracy of the present work. The agreement 
with previous work of one of the authors® is 
also within the specified accuracies. Biquard’s® 
values obtained by different methods, one radia- 
tion pressure and another optical, differ between 
themselves by almost 20 percent, while the 
average is not 30 percent from the value obtained 
by us. The measurements of Claeys, Errera and 


1 For a discussion of the effect of experimental condi- 
tions upon measured values see G. W. Willard, J. Acous. 
Soc. Am. 12, 438 (1941). 

+ 15 readings at 7.448 Mc; 11 at 9.629 Mc; 6at 15.84 Mc; 
4 at 22.42 Mc; 5at 35.04 Mc;and 15 at 47.84 Mc. Readings 
at 22.42 Mc have maximum spread but are typical: 43.0; 
42.4; 46.0; 41.0107”. 
12H. Grobe, Physik. Zeits. 39, 333 (1938). 


FOX AND G. D. 











ROCK 


Sack™ are given as approximate values, and 
Willard“ gives but one value for the foyr 
frequencies remarking that the error might have 
been as great as 50 percent. When one considers 
that the results of the above-mentioned investi. 
gators were obtained using four different optical 
methods, the acoustic interferometer, and two 
different radiation pressure methods, and that 
all agree as well as could be expected with the 
present work it appears that from 2.5 to 83 Mc 
the absorption in water is too high to be ex- 
plained classically—but that there is no definite 
experimental indication of a drop in 2av~ which 
would permit an estimate of a relaxation time 
in the energy exchange. The authors feel that 
most of the high values'® found for 2av~ in 
water below 2.5 Mc are unreliable due to errors 
in the methods used, such as, for example, were 
discussed above. There is need for an experi- 
mental method and measurements for frequencies 
up to 2.5 Mc. Below this frequency the measure- 
ment of absorption is complicated by many 
disturbing factors besides the difficulty of meas- 
uring small differences accurately. Even in the 
interferometric method, with water at these 
frequencies, elaborate precautions would have 
to be taken in order to detect the minute 
differences due to absorption and the observa- 
tions are laborious both to make and to interpret. 


CONCLUSION 


(1) Measurements of 2av~* made at intensity 
levels below 0.04 watt/cm? yield 43X10- 
within an experimental error of less than 10 
percent (probably less than 5 percent) over a 
frequency range from 7.448 to 47.74 Mc. 

(2) There is no change in 2av~ in this range, 
and comparison with other measurements indi- 
cates that this is true for the range 2.5 to 83.0 Mc. 

(3) The authors wish to record their grateful 
acknowledgment of much aid from Dr. Karl 
Herzfeld through many suggestions and during 
many discussions. 


18 J. Claeys, J. Errera and H. Sack, Comptes rendus 202, 
1493 (1936). 

4G, W. Willard, Phys. Rev. 57, 1057A (1940) and 
reference 11. 

16 See H. O. Kneser’s remarks about relaxation times 
in water. Physik. Zeits. 39, 800 (1938). 
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The Propagation of Sound in Cylindrical Tubes* 


NATHANIEL ROCHESTER 
Department of Electrical Engineering, Massachusetts Institute of Technology, Cambridge, Massachusetts 
(Received March 3, 1941) 


The theory of the propagation of sound in cylindrical tubes is presented. Formulas are 
developed for the calculation of the attenuation factor for the first mode (‘‘plane’’ waves), 
and these formulas take into account both the resistive and reactive components of the tube 
wall impedance. The nature of the higher modes of sound propagation in the tube is illustrated. 





INTRODUCTION 


HE methods developed by Morse! and 
Rogers? for calculating the attenuation 
observed when sound passes through a rectan- 
gular tube lined with absorbing material are 
apparently the most accurate yet published. The 
same principle is applied here to the case of a 
cylindrical tube. 

The attenuation factor is first obtained in 
terms of the characteristic values which deter- 
mine the modes of vibration of air in the tube. 
Approximations are then introduced in order to 
calculate the characteristic values. One set of 
approximations provides results which apply to 
the ordinary mode of vibration (when an 
approximately plane wave exists); the results 
are sufficiently accurate for most purposes, when 
the absorption of the walls is not too great. The 
other set of approximations applies when the 
reactive component of the wall impedance is 
neglected, and when the impedance is large. In 
this case, solutions are obtained for the higher 
modes of sound propagation. Naturally, this cal- 
culation is of little practical value, since the 
assumption of negligible reactive component of 
wall impedance is rarely satisfied; however, it 
does serve to illustrate the nature of the higher 
modes of vibration. 


FUNDAMENTAL THEORY 


Assuming axial symmetry, a suitable solution 
of the wave equation in cylindrical coordinates 


* This paper is based on the author’s bachelor’s thesis 
entitled, “The propagation of sound in tubes,” 
chusetts Institute of Technology (1941). 

1P. M. Morse, ‘Transmission of sound inside pipes,” 
J. Acous. Soc. Am. 11, 205 (1939). 

*R. Rogers, “The attenuation of sound in tubes,’ 
J. Acous. Soc. Am. 11, 480 (1940). 
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is? 


g= p AsJo(m,r)e—ihsX eit, (1) 
where ¢ is the velocity potential, and where 
h2-+m?=(w/c)*. (2) 


In order to simplify the notation, the sub- 
scripts will be omitted. 
At the tube wall, the boundary condition is 
that 
p=Zd¢/dr, (3) 


where ~p is the sound pressure, and Z is the 
acoustic impedance of the walls. Applying the 
boundary condition it is seen that 


jmZJ\(ma) = pwJo(ma), (4) 
or 


0=E (1)(r!)-*(u-tjo)"(owa+j2Zr), (5) 


where a=radius of the tube, p=density of air, 
u-+jv= (ma)? and u and v are real. 

Let a—j8=h, where a and 8 are real. Notice 
that a is the attenuation factor, and that 27/8 
is the wave-length of sound in the tube. Let 








P=(w/c)?—4u/a? 
Q= —2v/a? ; (6) 
substituting in Eq. 2: 
—P+(P?-+40%)!\} 
= ) 
2 
. (7) 
(———) 
in, See 


The characteristic values, u and v, could be 
obtained by the method developed by Morse,! 


3 P.M. Morse, Vibration and Sound (McGraw-Hill, 1936), 
p. 298. 
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but the nature of the propagation of sound is 
more clearly visualized if certain approximate 
formulas are developed. 

From Egs. (6) and (7) it is seen that there will 
be, for each mode of vibration, a certain critical 
frequency. Below this critical frequency, the 
attenuation will be large, and the wave-length 
will be large. Above the critical frequency, the 
attenuation will be small, and the wave-length 
will be only slightly larger than its value in free 
air. The critical frequency for the first mode of 
vibration will be very nearly zero; the first mode 
of vibration is approximately a plane wave 
traveling down the tube. The critical frequency 
for the second mode of vibration is the frequency 
at which most of the previous analyses**® break 
down. 


THE First MODE OF VIBRATION 


Assuming that the impedance is large enough, 
the higher order terms of Eq. (5) can be neglected, 
and the equation may be rewritten as 


(u+jv)(1+j2Z/pwa) =1. (8) 
Let Z=R+jX, and from Eq. (8), it is seen that 
(1—2X / pwa) 


u= - 
(1—2X/pwa)?+(2R/pwa)? 
2R/ pwa 


(1—2X/pwa)?+(2R/pwa)? 








v= 


| 
©) 
| 


By using Eqs. (6), (7) and (9), the attenuation 
of the first mode can now be calculated. 
Using the approximation X=0, the results 
may be still further simplified: 
1 
—————————— 
1+ (2R/pwa)? (10) 


v= (pwa/R) 


Since both of these are small quantities if R is 
large, Eq. (7) may be written 


a=+pc/aR; B=+w/c. (11) 


*L. J. Sivian, “Sound propagation in ducts lined with 
absorbing materials,’”’ J. Acous. Soc. Am. 9, 135 (1937). 

5 W. D. Phelps, ‘“‘Power transmission loss in exponential 
horns and pipes with wall absorption,” J. Acous. Soc. Am. 
12, 68 (1940). 
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This result was obtained by Phelps® who assumed 
that a plane wave existed in the tube, and that 
the reactive component of the wall impedance 
was negligible. 


NEGLIGIBLE ACOUSTIC REACTANCE 


If the wall impedance is assumed to be large 
and real, a more complete solution may be ob- 
tained. The solution does not hold for the first 
mode which has already been discussed. 

The problem may be set up, assuming infinite 
wall impedance, and in this case, the condition 
which determines the characteristic values is 


Ji(ma) =0. 


The values which satisfy this equation are zero 
(for the first mode), or real numbers (for higher 
modes). Consequently, if this condition is 
approached when the impedance of the walls is 
finite, « approaches a set of finite numbers, while 
v approaches zero. Therefore, it may be assumed 
that 


u>>v 
and that 
(u-+jv)"=u"(1+jnv/u) (12) 


and Eq. (5) may be rewritten as 

’ . , 

> (—1)"(r!)-?u" (1+ jrv/u)(1+72Rr/pwa) =0. 
=) (13) 
Separating the real and imaginary terms, and 
solving for u and v: 


v= — pwa/2R} 


Ji(2y/u) =0f" (14) 


Within the limit of accuracy of the analysis used 
to obtain Eqs. (14), it is easily shown that 


(4u/a?—(w/c)*)! when w is small 
0 when w is large, 


(15) 


| 
=) 


* | 0 
~ | ((w/c)?—4u/a?)! 


when w is small 
when w is large. 


B (16) 

If the wall impedance is finite, neither a nor 8 
will be exactly zero. The results expressed in Eqs. 
(15) and (16) are just those which are obtained 
for the case of infinite wall impedance. However, 
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PROPAGATION OF SOUND 
at least for certain ranges, the solution which 
would take into account the effect of finite 
complex impedance, would not be 
different. 


greatly 


CONCLUSIONS 


Formulas have been obtained by means of 
which the attenuation of sound passing through 
a cylindrical tube may be calculated. The for- 
mulas hold when the absorption at the walls is 
not too great, and when the frequency is lower 
than the critical frequency of the second mode 
of vibration. 

Below the critical frequency of the second 
mode, the higher modes will be apparent near 
each end of a long uniform tube. The higher 
modes must ordinarily exist near the ends, 
because the boundary conditions at the ends are 
not usually satisfied by the first mode alone. 
Since the higher modes are highly damped, the 
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first mode will predominate in the middle section 
of the tube. 

At higher frequencies, several modes will be 
excited, and the attenuation will not be expres- 
sible in terms of a single exponential function. 
Each mode will be attenuated by its own factor, 
and the distribution of energy among the differ- 
ent modes will depend on the nature of the 
source. 

In an ordinary air conditioning system, in 
which the diameter of the tube is fairly large, 
the higher frequencies could probably be attenu- 
ated by introducing irregularities at several 
places in the air duct. With this arrangement, the 
highly damped modes would be excited, and 
extra attenuation should result. 

The author wishes to express his appreciation 
for the helpful advice and criticism given by 
Professor R. D. Fay of the Massachusetts Insti- 
tute of Technology, under whose supervision this 
paper was prepared. 
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On the Absorbing Power of an Opening Adjacent to an Absorbent Room 


SADAO KAWASHIMA 
Department of Architecture, Waseda University, Tokyo, Japan 


(Received November 15, 1940) 


1. INTRODUCTION 


HE absorbing power per unit area of 
windows opened to the atmosphere is 

usually considered to be unity and, in the case 
of openings connected to another room, the 
absorbing power is assumed to be about 0.25 
to ~ 0.40.1 

In architectural acoustics, openings having an 
absorbing power of unity are rare since openings 
exposed to the atmosphere often receive miscel- 
laneous noises in return. Again, absorbing power 
of an opening connected to an absorbent room 
will be influenced by sound coming in the reverse 
direction. When considered in this manner, the 
conditions adjacent to the opening become an ele- 
ment of considerable importance in determining 
the absorbing power. Buckingham? and Davis* 
considered openings between two rooms as acous- 
tical coupling factors. In this paper, the absorb- 
ing power of openings, considering surrounding 
conditions, will be considered theoretically. 

Buckingham’s? analysis shows that the rate 
at which energy of sound waves falls on a unit 
area of the wall is expressed by 


e=pc/4. (1) 


Let us now consider a case of an opening, 
having an area W, between two rooms. Sound 
is generated in room I and, assuming that there 
is no transmission between the two rooms except 
through the opening, the sound energy from 
room I will flow into room II, which energy, in 
turn, might be considered as the sound source 
of room II. 


1F.R. Watson, ‘The absorption of sound by materials,”’ 
University of Illinois Bulletin 25, 26 (November, 1927). 
(These values are taken for stage opening, depending on 
stage furnishings.) 

2 E. Buckingham, ‘Theory and interpretation of experi- 
ments on the transmission of sound through partition 
walls,” Sci. Pap. Bur. Stand. 20 No. 506 (May, 1925). 

3 A. H. Davis, “Reverberation equation for two adjacent 
rooms connected by an incompletely sound-proof parti- 
tion,” Phil. Mag. 50, 75 (1925). 
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If we express the total absorbing power of 
room I, less the opening, as A;1=La,5S;, then the 
energy striking the opening per second will, by 
consideration of Eq. (1), become 


poi cW/4. (2) 


The value of poi’, neglecting for the time 
being the inverse transmission from room II to 
I, may be expressed as 


por =4Pi/c(Ai+W), (3) 


where P; is the power of the sound source. 
Substituting this value in expression (2) we 
obtain 


P2=P\W/(Ai+W). (4) 


The quantity expressed by (4) may now be 
considered as the available sound power for 
room II obtained from room I through the 
opening. 

If we now consider the opening to have an 
absorbing ability of unity, the saturated sound 
energy density of room II, po2’, will become 


4 PW 
*  ¢(Aa+W) (Ai+W) 





where A: is the total absorbing power of room II 
less the opening which may be expressed as 
Az=Za2S2. The power of inverse transmission 
from room II through the opening to room I 
will be 


poo’ C P,W? 
w= | —, 








The process of sound transmission between the 
two rooms during the period of sound generation 
in room I may be shown diagrammatically as 
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ABSORPTION DUE 
follows: 
Room I Room II 
P, — P,W/(Ai+W) 
PW? Pw 
(A:tW)(AstW) (A+ W)(A2+W) 
PW: 4 PW? 
(A+ W)(AstW)? | (Ai+W)( A+ W)? 
\ . \ 


The total capacity of room I for supplying 
power, «Pi, including the accumulated power 
for inverse transmission, is obtained by sum- 
mation of the first column of the above diagram: 

P,W? 
rer 
(A1+W)(A2+W) 


W 
| 14+ , 
(Ai+W)(A2+W) 


W 2 
A ase el 
(Ai+W)(A2+W) 
P,W? 
a a ee ; 
(A,+W)(A.+W) 


P; 


1 


x W? . (7) 
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(A,+ W)(A:+ W) 

































































Fic. 1. Absorbing power of opening with respect to W/A2. 
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Accordingly, the saturation energy density po; 
of room I becomes 


4,.P; AP, 1 
Pou = -= eartae=s: (—), (8) 
c(Ai+W) c(Ait+W)\1-8 
where 
i= W?/(Ai+ W)(Aet+ W). (9) 
and similarly for room II 
(A,+W) ’ Ww? (10) 


(A+ W)(42+-W) 











4P,\W ( 1 
pee (1+ W)(A2+W) ral 


vs ) 11 
=o(———). ( ) 


On the other hand, in case the opening of 
room I is into free atmosphere instead of con- 
necting to room II, the absorbing power of this 
opening will be unity and consequently the 
saturated sound density of room I may be 
written as 


pou=4P;/c(Ai+W). (12) 


The analysis, in this manner, will lead to the 
establishment of the following relation 


AP, 4P, 
=< -_—. 
c(Ai+W) c(Ai+W) 1-80 





(13) 


The above relation may be written in the 
following manner if we attach an absorbing 
coefficient a» to the opening when it is adjacent 
to another room 


4P, 4P, 
—__—___ =—____——___ (14) 
c(A,i+aoW) c(A,+W)(1-8@) 
and solving for a» we obtain 
1 
ig = ——__—_. (15) 
1+W/A, 


The variation of ap with varying values of 
W/Az is shown in Fig. 1. The absorbing coeffi- 
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cient ao’ of the opening when considered from 
room II becomes 


1 
ag’ = ——__—_. (16) 
1+W/A, 


It is evident from Eqs. (15) and (16), that the 
value of the absorbing coefficient ap is unity 
only in the case when the total absorbing power 
adjacent to the opening is infinity. 


KAWASHIMA 


2. CONCLUSION 


The above considerations lead to the concly- 
sion that in the determination of the absorbing 
coefficient of the opening, the size of the opening 
itself and the total absorbing power of the 
adjoining room must be carefully noted. The 
value of unity for the absorbing coefficient 
occurs only when the opening is very small or 
when the total absorbing power is very large. 
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The Intensive Difference Limen in Audition 


Forrest L. DIMMICK AND RutH M. OLSON 
Hobart College, Geneva, New York 


(Received January 6, 1941) 


In spite of its interest for acoustics, the intensive difference limen for sound has not been 
determined over a comprehensive range of frequency and amplitude. In the present experiment 
we have determined the difference limens for discrete intensive discrimination at five frequencies 
ranging from 128 cycles to 1000 cycles with intensities from 0.02 bars r.m.s. pressure to 3.4 
bars (—65 db to —15 db). Both the physical conditions and the psychological judgment have 
been carefully controlled. The data yield a value for A db of 2.4 db in the middle range of inten- 


sities (—35 db to —15 db or 35 SL to 70 SL.) 





I. INTRODUCTION 


N spite of its interest for acoustics, the in- 

tensive difference limen for sound has not 
been determined over a comprehensive range of 
frequency and amplitude. We have pointed out 
in a previous paper! that the data presented by 
Riesz? and widely quoted’ are based on the 
audibility of beats and do not measure intensive 
discrimination. Our first experiment showed that 
the ratio of the increment to the standard in- 
tensity (AJ/J) may be twice as much for true 
discrimination judgments as for just audible 
beats. Riesz’ experiment is open to the methodo- 
logical criticism that the values of his limens are 
the experimenter’s estimates of the lowest setting 
at which the observer was likely to report beats. 
The twelve pitches at which Riesz made his 
measurements lie at the high and low frequencies, 
and neglect the middle range. The low octave is 
represented by 35 and 70 cycles, the high fre- 
quencies (one and a quarter octaves) by 4000, 
7000, and 10,000 cycles, while the six octaves 
lying between these extremes are sampled by 
only 200 cycles and 1000 cycles. Experiments* 


1F, L. Dimmick, ‘The dependence of auditory experi- 
ence upon wave amplitude,” Am. J. Psych. 45, 463-470 
(1933). 

2R. R. Riesz, “Differential intensity sensitivity of the 
ear for pure tones,’’ Phys. Rev. 31, 867-875 (1928). 

3H. Fletcher, Speech and Hearing (D. van Nostrand, New 
York, 1929), 145-166; S. S. Stevens and H. Davis, Hearing 
(John Wiley and Son, New York, 1938), pp. 137 ff.; R.S. 
Woodworth, Experimental Psychology (Henry Holt, New 
York, 1938), p. 434. 

*L. J. Sivian, “Speech power and its measurement,” 
Bell Sys. Tech. J. 8, 646 (1929); L. J. Sivian, H. K. Dunn 
and S. D. White, “Absolute amplitudes and spectra of 
certain musical instruments and orchestras,’’ J. Acous. 
Soc. Am. 2, 330 (1931); H. K. Dunn and S. D. White, 
“Statistical measurements on conversational speech,” 
ibid. 11, 278 (1940). 


have shown that a major part of normal speech 
power lies in the middle region. 

In the present experiment we have determined 
the difference limens for discrete intensive dis- 
criminations at five frequencies ranging from 128 
cycles to 1000 cycles with intensities from 0.02 
bar r.m.s. pressure to 3.4 bars (—65db to 
—15 db). While this group of frequencies and 
intensities appears, when plotted on Fletcher’s® 
or Stevens and Davis’® charts of the ‘auditory 
area,’ to represent only a small proportion of 
the total number of audible tones, it includes, 
as we have indicated above, a large share of the 
tones ordinarily heard. 


II. PROCEDURE 
(a) Apparatus 


A General Radio Beat Frequency Oscillator 
(type No. 413) followed by two stages of push- 
pull amplification furnished the frequencies used 
in the experiment. Every standard frequency and 
intensity was examined with an oscilloscope and 
did not differ perceptibly from a pure sine wave 
form. The voltage input to the loudspeaker for 
each standard tone was measured by a vacuum 
tube voltmeter. To prevent disturbing “‘clicks”’ 
as the tone went off (or came on), the high 
voltage supply to the last amplifier stage was 
broken (or made) and at the same time the out- 
put was short-circuited (or opened). A choke- 
condenser hook-up eliminated surges in the high 
voltage supply. 

The tone was given by means of a commutator 


5H. Fletcher, reference 3, p. 157 ff., Figs. 82, 83. 
6S. S. Stevens and H. Davis, reference 3, p. 153. 
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Fic. 1. Diagram of apparatus. 


whose time of revolution was 9 seconds. The 
duration of each tone was 1.5 seconds; the 
interval between two tones was 0.5 second; and 
the interval between pairs of tones was 5.5 
seconds. The commutator also actuated visual 


AND 
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signals on the control panel and in the observa- 
tion room. The observer sat in a room of which 
the walls, ceiling, and floor were lined with 
ground cork, hair felt and rock wool. (See dia- 
gram of apparatus, Fig. 1.) In order to reduce 
sound reflections, the observer was surrounded 
with a wooden frame covered with loose cotton 
batting in a cheesecloth casing. 

The output from the speaker in the sound 
room was measured with a Western Electric 394 
condenser microphone calibrated by the Bell 
Telephone Laboratories and a calibrated re- 
sistance-coupled amplifier. Readings were taken 
with the microphone in the position of the 
observer’s head. 

The intensity of the speaker input was varied 
by means of a balanced attenuator system. The 
dial setting of the attenuator was determined for 
every standard intensity, and sufficient steps on 
either side of it were measured so that curves of 
r.m.s. pressure of the speaker output could be 
calculated in units of 0.005 bar per dial setting. 


(b) Method 

In the present experiment we have determined 
true ‘‘difference limens”’ of intensive discrimina- 
tions at frequencies of 128, 256, 440, 540 and 


TABLE I. The stimulus increments (AJ) which give J.N.D.’s of auditory loudness at various frequencies and intensities. 
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10009000 


STANDARD J CALCU- 
Watts/cm? AJ Group AVERAGE LATED . 
X10716 128~ 256~ 440~ 540~ 1000 ~ J AJ AJ ' 
9,600 25 ,000 16,000 27,000 23,000 { 
14,000 29,000 
23,000 28,000 
39,000 64,000 
93,000 73,000 66,000 68,000 80,000 
121,000 110,000 
162,000 220,000 316,000 389,000 335,000 
195,000 174,000 
486,000 373,000 
617,000 1,067,000 
1,082,000 660,000 1,959,000 1,428,000 1,730,000 
1,506,000 2,234,000 1,214,000 907,000 1,430,000 
2,041,000 1,916,000 
3,210,000 1,636,000 
10,980,000 6,904,000 
24,090,000 15,160,000 24,600,000 93,400,000 21,940,000 31,740,000 20,317,000 21,280,000 
60,150,000 43,900,000 
156,700,000 80,930,000 81,200,000 _ 
216,800,000 262,900,000 217,300,000 154,100,000 197 ,000,000 
278,500,000 191,600,000 
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Fic. 2. Just noticeable increments of auditory intensity (AJ) plotted against their standard intensities (J). 
J =watts/cm? X 10716, 


1000 cycles, chosen because they lie in the region 
ordinarily heard by the human ear. Three to 
five intensities which fell in the regions of —60, 
—55, —45, —35, —25, —15db were used at 


each frequency. For 540 cycles we used ten 
standards because we desired one curve of 
results determined by a number of points to 
verify the general form of the curve. The 
standards were chosen close together (in terms 
of bars) at the low intensities, where small differ- 


ences are more easily discriminated, and farther 
apart at the higher intensities. 

There were two trained observers, the authors, 
and three whose experience was limited to this 
experiment. Every subject was given a period of 
training in loudness judgments with the psycho- 
physical method of limits. After the training 
period, the psychophysical ‘“‘method of constant 
stimuli’? was followed, in which seven stimulus 
intensities were compared with the standard in 
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Fic. 3. Ratios 
of just noticeable 
stimulus _ incre- 
ments to their 





standard in- 
tensities (AJ/J) 
plotted against 
the standards 
(J). J=watts 
cm? X 10716, 
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haphazard order. The judgment of loudness 
difference between the two tones was not based 
on change within a continuous stimulus, but on 
the perception of difference in intensity of two 
separate tones. Since binaural stimulation from 
a source external to the ears approximates the 
normal conditions of hearing, the observer was 
seated ten feet away from the speaker in the 
sound room, in such a position that his ears were 
an equal distance from the source of the sound. 
A head rest attached to the observer’s chair kept 
his head in a constant position. 

The observers were instructed as follows, for a 
standard-variable series. ‘‘You will hear a group 
of paired tones. You are to judge the second 
tone of every pair in relation to the first. If the 
second tone is louder than the first, say ‘louder’ ; 
if the second tone is equal in loudness to the 
first, say ‘equal.’ For the variable-standard 
order, “‘weaker’’ and ‘“‘less’’ were substituted for 
“louder.” 

In the total series for a given standard, forty 
judgments were made with each variable. This 
was later reduced to twenty-five judgments for 
the less trained observers and to twenty for the 
trained observers, because the judgments showed 











73000,.000 100000000 


a satisfactory degree of stability on the basis of 
their ogive distribution curves. 


III. RESULTS 


Table I gives the average J.N.D. increment 
(AJ) in watts/cem*?X10-'® of all 0’s for every 


TABLE II. Just noticeable stimulus increment for all 
frequencies and intensities expressed as AJ/J.* 


Group CALCcU- 
AJ/J AVERAGE LATED 
P 128 ~ 256~ 440 ~ 540 ~ 1000 ~ J AJ/J AJ/J 
9,600 2.59 
14,000 2.07 
23,000 1.19 16,000 1.95 1.96 
39,000 1.65 
93,000 0.78 66,000 1.22 1.32 
121,000 0.91 
162,000 1.34 
195,000 0.89 
486,000 0.77 
617,000 1.73 316,000 1.13 0.99 
1,082,000 0.61 
1,506,000 1.48 0.81 0.60 0.95 
2,041,000 0.84 
3,210,000 0.51 1,956,000 0.83 0.81 
10,980,000 0.63 
24,090,000 0.63 1.02 0.39 0.91 . 
60,150,000 0.73 31,740,000 0.72 0.73 
156,700,000 0.51 0.52 
216,800,000 1.21 : 
278,500,000 0.69 21,730,000 0.73 0.71 
* J =watts/cm? X107'6; AJ =Stimulus increment necessary to give a 
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Fic. 4. Just noticeable increments and standard intensities expressed in decibels relative to 1 microwatt. 


intensity (J) of the several frequencies. The 
group averages were obtained by grouping the J 
values of the standards and averaging AJ for 
the different frequencies in every group. The 


TABLE III. Just noticeable stimulus increments for all 
frequencies and intensities expressed as Adb.* 








AVER- AVER- CALCU- 


ADB AGE AGE LATED 
DB 128~ 256~ 440~ 540~ 1000~ DB ADB ADB 
—60.16 5.56 —60 5.56 6.3 
—58.63 4.87 
—56.35 3.40 —-55 3.76 4.5 
—54.14 4.23 
—50.33 2.514 
—49.15 2.81 
—41.60 3.68 
—47.04 2.77 
—43.13 2.48 
—42.10 2.36 —45 3.22 3.2 
—39.64 2.07 
—38.22 3.95 2.57 2.04 2.90 
—36.90 2.65 
—34.93 1.78 —35 2.57 2.6 
—29.61 2.12 
—26.18 212 345 i428 2.81 
—22.20 2 38 —25 2.32 2.4 
—18.25 1.79 1.81 
—16.63 3.45 
—15.52 2.27 —15 2.33 2.3 











*pB =10 log J/Jo; Jo=1 microwatt. 





standard J values for the frequencies were 
chosen to approximate each other at the various 
intensity levels. Averaging the AJ values for 
different frequencies is justified by the fact that 
no definite trend of those values appears to be 
dependent upon frequency. This point is im- 
portant because previous work has been inter- 
preted as indicating a dependence of the size 
of the J.N.D. increment (AJ) upon the frequency. 
An inspection of the group averages shows that 
AJ increases not quite linearly as J increases. 
The relation between them may be expressed by 
the equation: 


AJ=1.5J°-*. (1) 


Figure 2 shows this function plotted on a log log 
scale together with the averages and individual 
values from which it is derived. Because of the 
wide range of valuesof both AJ and J, unmodified 
coordinates tend to obscure the characteristics 
of the curve in the region of the small values. 
Table II (Fig. 3) gives the average ratios of AJ/J, 
for every intensity at every frequency and for the 
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six frequency-intensity groups. The ratio de- 
creases rapidly for the lower values of J and 
becomes asymptotic for the higher values. The 
function may be expressed in the following 
equation :? 

AJ/J=0.016J—°->+0.7. (2) 


Since it is customary to express sound power 
in terms of power ratios (db=10 log Ji/Jo) we 
have transformed the values of Table I into db 
units. Table III gives the values of J in db 

TABLE IV. Just noticeable stimulus increments for all 


frequencies and intensities expressed as Adb relations to the 
sensation level (SL) of the standard intensities. 








AVER- AVER- CALCU- 
ADB AGE AGE LATED 


SL* 128~ 440~ 540~ 1000~ SL ADB ADB 


11 3.70 
14 5.56 12 


256~ 





4.63 6.80 


20 4.23 
22 3.95 
27 4.87 22 4.35 3.95 


32 4.36 


34 2.12 
36 2.57 3.40 


39 2.77 3s 6237 = 2. 


“I 
wn 


43 2.48 

45 2.04 

46 2.07 

48 3.05 

49 2.65 45 2.35 2.46 


51 1.78 

54 2.90 

56 2.12 

57 3.45 1.42 S$ 2.33 2.36 


64 2.38 
65 1.81 
66 281 65 2.33 2.32 


70 2.27 7002.27 2.32 











* SL =db above minimum audible intensity.’ 


7 Equations (1) and (2) were calculated directly from 
the data in Tables I and II, respectively. They emphasize, 
therefore, different aspects of the same set of observations. 
The function of AJ/J can be derived from Eq. (1) and 
the function for J from Eq. (2). The derived equations, 
however, do not fit the data in either case as closely as 
the ones we have given. They are as follows: 


AJ=0.016J°5+0.7J, (1a) 

AJ/J=0.015J—°1. (2a) 

A modification of Eqs. (2) and (1a) gives a pair of equations 

that can be derived from one another and that fit better 
than (1a) and (2a) though not as well as (1) and (2). 

AJ =0.016J°5+0.6/J, (1b) 

AJ/J=0.016J—°5+0.6. (2b) 
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units of power ratio to 1 microwatt, and AJ jp 
db gain. The functional relation of these measures 
is expressed by the equation: 


Adb =0.01¢°-! 442.3, (3) 


The values of Adb are plotted against the db 
values of the standards in Fig. 4. 

If we adopt the values of the threshold as 
summarized by Fletcher from the work of Wien, 
Kranz and Wegel we can take account of the 
relation of the several frequencies to their 
individual thresholds.’ Accordingly, we have 
presented the Adb values relative to their re- 
spective sensation levels or db above minimum 
audibility for each frequency. Table IV gives the 
Adb adjusted in this manner and in Fig. 5 the 
Adb values are plotted against SL. The functional 
relation between them is expressed by the 
equation: 


Adb = 15e-°-1 8h 4.2.3, (4) 


The shifting of the abscissae for different fre- 
quencies does not change fundamentally the 
form of the curve, but the greater spread of the 
individual observations about the average in the 
region of the lower SL values casts some doubt 
upon its desirability. However, for SL’s above 35 
the curve falls so slowly (0.7 db for the observed 
values and 0.42 db for the calculated curve) 
that it is justifiable for practical measurements to 
adopt 2.4 db as Adb between 35 SL and 70 SL. 
Below 35 SL the curve rises so rapidly that no 
single value is valid and Adb must be calculated 
by formula (4). The same value of Adb, 2.4 db, 
holds for db levels between —35 db and —15 db 
without reference to the minimum audible in- 
tensity. Below —35 db the formula (3) must be 
used. Our data furnishes no basis for extrapola- 
tion above —15 db or 70 SL. 

If we assume a unitary value for the J.N.D. 
measured by AJ, we find that the relation be- 
tween the J.N.D. units and the stimulus values 
can be expressed by the equation :° 

S=—-—1.6—-1.2 log J+0.4 log? J. (5) 
" §These thresholds are based on minimum audible ear 
canal pressure measurements, whereas our judgments were 
made with a free auditory field. If the data of Sivian and 
White (‘On minimum audible sound fields,’ J. Acous Soc. 
Am. 4, 288-321 (1933)) are used, the values of the SL 
will range from 10 db to 15 db lower. 


9If J is taken in terms of watts/cm?X10~™ instead of 
X10~'* the equation is of the form 


S=2 log J+0.4 log? J. (Sa) 
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Fic. 5. Just noticeable increments in decibels (Adb) plotted against their standard intensities expressed 
as db above minimum audible intensities (SL).8 


The curve of this function is plotted in Fig. 6, 
and gives AS values for the observed J.N.D., 
which group themselves closely about unity as 
is shown in Table V, column 5. 

The relation between the sensation values and 
the stimulus increments expressed in Eq. (5) 
may be considered a variation of the Weber- 
Fechner law, though it is more complex than 
the traditional form, S=K log R. Part a of 
the curve in Fig. 6 shows the lower values of S 
and J on an extended scale of J. At the beginning 
the curve is predominantly the simple log rela- 
tion, but as J increases in value the log? portion 
of the equation has a disproportionate effect and 
the curve rises rapidly. The counterpart of this 
difference is to be seen in the relation of AJ/J 
to J. (See Table II, Fig. 3.) 

Our results differ in two respects from those 
of previous investigators.'! We have found that in 





10 R=stimulus, S=sensation. 
"R. R. Riesz, reference 2; B. G. Churcher, A. J. King 
and H. Davies, Phil. Mag. [7] 18, 927 (1934). 





the middle range of frequencies, 128~ —1000~» 
the just noticeable increment is independent of 
the frequency of the tones. Riesz’ figures for 
this region are largely interpolated between 70~ 
and 1000~, since he made measurements at only 
one frequency, 200~, within it. It is question- 
able, therefore, how valid any comparison of his 
results with ours can be. He found a considerable 
difference between the increments for his three 
frequencies (70~, 200~, 1000~). (See Table 
VI.) They approach our values at only one 
point, namely 70~ at 10 SL. Churcher, King 


TABLE V. S and AS values of the observed J.N.D. calculated 
from Eq. (2) for the standard stimulus intensities (J). 











J AJ J+AJ S AS S+AS 
15,560 27,100 42,660 40 10 1.4 
65,580 68,090 133,670 1.90 9 2.8 
316,400 389,040 705,400 3.90 1.2 5.1 
1,959,000 1,428,000 3,387,000 6.70 9 7.6 
31,740,000 20,317,000 52,057,000 11.90 1.0 12.9 
217,300,000 154,100,000 317,400,000 16.20 1.3 17.5 








Av. AS =1.05; « =.15; S =Sensory intensity in units of just noticeable 
differences; J = watts/cm? X10, 
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and Davies worked at a single frequency, 800~, 
so that their results give no basis for the effect 
of frequency. They lie, however, in the region of 
Riesz’ values for 200~. 

The second divergence of our results is in the 
absolute size of the increment. The interpolated 
values that may be read from Riesz’ Fig. 5 lie 
between 0.61 db and 4.15 db for the range of 
frequencies and intensities for which our ob- 
served values gave increments between 2.27 db 
and 4.63db. Riesz’ curves fall much more 
sharply and to a much lower level than do ours, 
so that above 35 SL, where we found an incre- 
ment of 2.4 db, all of his increments fall from 
1.14 db to as low as 0.14 db. For the same in- 
tensity region Churcher, King, and Davies 
(800~) found increments below 1.56db and 
1.25 db with slightly different methods. These 
several sets of data have been brought together 
for comparison in Table VI. 

With variations as considerable as these, we 
must look more closely at the methods by which 
the results were obtained. Montgomery” has 
en. Cc. Montgomery, ‘Influence of experimental 


technique on the measurement of differential intensity 
sensitivity of the ear,’’ J. Acous. Soc. Am. 7, 39-43 (1935). 
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(b) 





Fic. 6. Equal sensation units (S=J.N.D.) plotted 
against stimulus intensities (J). Part a has the scale 
units of J very much extended relative to the S units. 
J =watts/cm?X 10-6; S=sensory intensity in units of 
just noticeable differences. 


pointed out that differences in the techniques 
of measuring differential sensitivity are directly 
reflected in wide divergences of the results. 
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INTENSIVE 


Unfortunately, his consideration of ‘‘Types of 
Judgment” makes no mention of the standard 
psychophysical methods."* Indeed, he has dis- 
covered (sic) that the limen or transition from 
“same’’ to “‘different”’ is not a point but a region 
in which judgments of same and different are 
distributed according to the statistical law of 
probability. This disregard of the standardized 
techniques of psychophysical observation is 
characteristic of the experimental papers we have 
cited as well as of others in the field.“ It is im- 
portant, however, that someone call attention to 
the dependence of a set of data upon the con- 
ditions under which they are obtained, physical, 
judgmental, and statistical. It is obvious, then, 
that the values of ‘‘differential sensitivity’’ ob- 
tained by Riesz, by Churcher, King and Davies, 
and by us are measures of several auditory 
constants that differ materially in their physical 
arousal and in their psychophysical determina- 
tion. The values we have presented in this 
paper are “‘difference limens’’ (J.N.D.) of in- 
tensity as these terms have been defined in the 
literature.'> It is confusing to give the same 
designation to Riesz’ results. His are, instead, 
just noticeable tonal beats or fluctuations. 
Churcher, King and Davies were judging ‘‘just 
noticeable intensive change without warning” 





8E.B. Titchener, Experimental Psychology (Macmillan, 
New York, 1905), Vol. 2, Part 1, p. 92 ff.; J. P. Guilford, 
Psychometric Methods (McGraw-Hill, New York, 1936), 
166 ff.; E. G. Boring, ‘‘Urban’s tables and the method 
of constant stimuli,’’ Am. J. Psych. 28, 280-293 (1917). 

4 P. A. Macdonald and J. F. Allen, ““The psychophysical 
law II, the sense of audition,” Phil. Mag. [7] 9 Suppl. 
1930. 

18 J. F. Herbart, Bemerkungen zur Tonlehre, 1811, in 
Werke (ed. by G. Hartenstein), (1899), Vol. 7, p. 10; 
G. T. Fechner, Elemente der Psychophysik, I, 239 (1889) ; 
E.B. Titchener, Experimental Psychology (Macmillian, New 
York, 1905), Vol. II, Part 2, cxlix ff. 
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TABLE VI. Comparative table of measures of ‘‘differential 
sensitivity” for auditory intensity in Adb in three experiments. 


SEPARATE 
TONES 
0.5-SEC. 
INTERVAL 
SENSATION SUDDEN CycLic (DimMIcK 
LEVEL CHANGE CHANGE AND OLSON) 
ABOVE FLUCTUATING (CHURCHER, KING (1940) 
MINIMUM TONE (RIESz) AND DAVIES) 128~, 256~, 
AUDIBLE (1928) (1931) 440 ~, 540~, 
INTENSITY 70~ 200~ 1000~ 800 ~ 1000 ~ 
10 42 a0 2h 2a aan 4.6 
20 2a 20) 34 1.8 15 4.4 
30 3s it. £4 1.6 1.3 
35 3.0 
40 12 18 @2 
45 2.4 
50 0.8 0.7 0.6 ha 0.8 
55 aa 
60 aa 
65 0.7 0.5 
70 2.3 





which may be related to the judgment of 
fluctuation, but is certainly far removed from the 
judgment of an intensive difference between two 
discrete tones. Montgomery’s measurements of 
the detection of changes produced by the ob- 
server himself defies simple naming. All of the 
foregoing measures may have their values for 
particular acoustical problems, but no uniformity 
or stability of results can be expected until a 
standard procedure is adopted. The technique 
described in this paper has the advantage of 
adequate description and testing in the literature. 
It means, of course, that the estimation of the 
number of ‘‘audible tones” calculated from Riesz’ 
results must be recalculated, and the discrimina- 
tion constants given in Fletcher’s account be 
revised. 
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Elementary Quantity of Sound Perception 


SAMUEL LIFSHITZ 
Institute of Architecture, Moscow, U.S.S.R. 
(Received August 6, 1940) 


HE phenomenon of ‘‘fluctuation of hearing 

threshold,”’ already described by us,' has 

been investigated more extensively. Some of our 

observers perceive the beginning of the fluctua- 

tion by the difference in timbre between separate 

impulses somewhat sooner than by the difference 
in apparent duration. 

When, however, the observer determines the 
beginning of the fluctuation on the basis of which 
comes first: the difference in timbre or the differ- 
ence in apparent duration, the divergence of 
results diminishes considerably. All the data 
approximate closely the mean values which we 
cited earlier, i.e., the beginning of the fluctua- 
tion is 6 db above the individual hearing thresh- 
old, and the middle of fluctuation is 2 db above 
the individual hearing threshold.” 

For purposes of illustration we give the experi- 
mental data of 10 observers (Table 1). These 
data refer to an impulse tone of 1000 Hertz 
frequency, having a time duration of 0.3 sec., 
with an interval of 0.45 sec. between impulses, 
and a pause of 3.75 sec. after five impulses. 

We can explain this phenomenon of fluctua- 
tion if we represent the loudness of the impulse 
above the threshold as increasing in steps. These 
steps are alike. The first is equal to 2 db, that is, 
the amplitude of fluctuation. 


2 db=10-lg-1.587/2 
(t=individual threshold of observation). 





Odb 


Fic. 1. 


1S. Lifshitz, J. Acous. Soc. Am. 11, 118-121 (1939). 
2 Here decibels and not phons are used, inasmuch as the 
loudness is expressed in relation to the individual threshold. 


A step is thus determined by one and the same 
increase in sound=0.587. There will be five 
such steps before the beginning of the fluctuation 
(6 db), see Fig. 1. Beyond 6 db the addition of 
one step becomes unnoticeable compared with 
the increased loudness. Whereas each step 
represents a like increase in the intensity of 
sound equal to 0.582, in terms of decibels each 
step will have a different value, as shown by 
Table II. We cease to note the increase of 0.6 
db, but we can still note an increase of 0.7 db in 
the change in apparent duration. 

As shown by the data of Davis, Bekesy and 
Riesz, for small levels we notice an increase in 
loudness only when it is greater than 2 db.’ 

The seeming duration of the impulse, accord- 
ing to the integral law of duration discovered by 
us! also depends on the loudness level. The 
question therefore arises as to how the duration 
of the sound impulse is connected with the dis- 
crete character of the increase in loudness. To 
clear up this question the following experiment 
was conducted (see Fig. 2): The cathode genera- 
tor K, with the help of a contact on a rotating 
disk, J, creates a given impulse of a specific 
frequency in the telephone. By means of the 
same contact the generator simultaneously 
furnishes current to a neon lamp, N, thus creat- 
ing an impulse of light which is synchronous with 
the sound. The brightness of the light impulse 
remains constant and serves to indicate how the 





3R. Riesz, Phys. Rev. 31, 867 (1928.) G. v. Bekesy, 
Physik Zeits. 30 (1929). 

*S. Lifshitz, J. Acous. Soc. Am. 5, 31 (1933); 7, 213 
(1936). 
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TABLE I. 
OBSERVERS—INITIALS GIVEN 
1 2 3 4 5 6 7 s 9 10 
SY KN YI VR SP BE NA Ss MN RY Mean 

Beginning of fluctuation 6 6 6 4 6 6 5 7 7 6 6 db 
Middle of fluctuation 2 1 25 2 2 2 2 2 3 a 2 db 
End of fluctuation 0 0 0 0 0 0 0 0 0 0 0 db 
apparent duration of the sound impulse changes TABLE II. 
with changes of the attenuator ‘‘A.”” The neon . — = —— 
lamp is surrounded by an opaque screen in which on ee a oe ae 
there is an opening of 0.8 cm®*, through which the —[pcrease in inten- 0.581 0.581 0.581 0.58i 0.581 0.581 
light impulse passes. The time of the impulse sity of sound 

7 i e r . Increase in 20 1.34 103 0.83 0.70 0.60 
selected is relatively large—0.75 sec. The im- dectiahe 
pulses follow one another at intervals of 0.75 sec. =e ——— eee 
The observer hears the sound impulse and 
simultaneously sees the light impulse. but 

When the sound impulse is sufficiently loud, 10 Ig I1/t=2 db, 

its duration and the time length of the light wliemen we hawe: 
impulse are alike. Both impulses begin simul- 
taneously and end simultaneously (see Fig. 3a 10 Ig I2/t=(2+10 lg ¢:/At;) decibels. (1) 


in which the light area indicates the light im- 
pulse and the dark area shows the sound im- 
pulse). As the loudness of the sound impulse 
decreases, there comes a moment when the 
sound impulse begins to lag slightly and appears 
later than the light impulse, ending, however, at 
the same time as the latter (Fig. 3b). As the 
loudness further decreases, the sound impulse is 
shortened to one-half the light impulse (Fig. 3c), 
and so on. With loudnesses close to the hearing 
threshold (2 db) only an insignificant part of the 
entire sound impulse remains, which appears in 
the form of a sound point at the end of the light 
impulse (Fig. 3d). In the latter case, the sound 
functions for 0.75 sec. and in the end creates the 
element of sound perception. This element of 
sound perception is obtained when the loudness 
level is 2 db. 

By using the integral law of loudness® we can 
calculate at what levels one or another lag 
should occur. If t; is the length of the impulse and 
At; is the extent of the lag with the intensity of 
the sound J; we have: 


In decibels we have: 
10 lg qT, 1+10 lg t;=10 lg I, 1+10 lg Af, 


5S. Lifshitz, J. Acous. Soc. Am. 5, 31 (1933). 


On the basis of Eq. (1) we should expect a 
hardly noticeable lag (considering 1/20 sec. as 
hardly noticeable, as is known from the experi- 
ments with echoes) at a level of 14 db; the lag 
at 4 of the impulse at a level of 7 db; the lag at 3 
of the impulse at a level of 5 db; the hearing 
threshold at a level of 0 db 

For the hearing threshold of a given observer 
we use such an intensity of sound with which all 
sensation vanishes. This threshold is determined 
with the same apparatus and the same impulse. 

These figures were checked directly during the 
above-described experiments with light and 
sound signals. Records were made when the 
observer noticed the first lag, then the lag at 3 
and at 3 of the light impulse. Table III gives the 
results of experiments for tone of 1000 Hertz. 
The divergence of individual figures when the 
lag of 3 and at 3 of the impulse is determined is 
insignificant. When a hardly noticeable lag is 
determined, the divergence of the individual 
figures is considerably greater. The coincidence 


Time 
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TABLE III. 

















SY BL VA YM 
Hardly noticeable lag 13 13 16 
Lag at 3 of impulse 7 8 7 
Lag at 3 of impulse 5 4 4 
Hearing threshold 0 0 0 





INITIALS OF OBSERVERS 


NA IL Ss MN SR AM Mean 
11 16 9 18 12 11 14 14 db 
8 7 8 7 6 7.5 7 db 
5 4 7 4 4 5.5 5 db 
0 0 0 0 0 0 0 db 





TABLE IV. 








FREQUENCIES (IN HERTZ) 





200 «60250 «= 350 S500 «1000 2000 = 3000 
Amplitude of 2 235 2 235 2 22s -25 
fluctuation 
(in db) 





of the experimental data with the calculated, as 
seen from Table II, is very close. 

Parallel experiments with visual and tactual 
impulses showed that Eq. (1) is applicable for 
them also. We also discovered for sight and 
touch a fluctuation of sensation threshold with 
an amplitude of 2 db, as for sound. 

Experiments were carried out on fluctuation of 
the hearing threshold with frequencies from 200 
to 3000 Hertz. As shown by Table IV, the 
amplitude of fluctuation is, on the average, close 
to 2 db for this range of frequency. 

Experiments with impulses of various lengths 
showed that the amplitude of fluctuation is 
always 2 db for impulses of 0.3 sec., 0.4 sec. and 
0.75 sec. At first glance this may appear para- 
doxical, for we seem to have a situation when 
one and the same element of hearing perception 
is obtained at the end of impulses of 0.3 sec. 
and 0.75 sec. with one and the same loudness 
level of 2 db. However, this may be explained 
as follows: In our experiments we determined the 
individual hearing threshold, 7, with the help of 
an impulse of the same duration, ¢;, with which, 
in the given case, we make the remaining ob- 
servations. But the hearing threshold depends 
on the integral law of loudness and the product 
of 7Xt. It therefore follows that the elementary 


work of sound, 1.582-t; remains constant for 
impulses of various lengths. Thus the magnitude, 
2 db is found repeated in a large number of cases, 
We have called this ‘‘the elementary quantity of 
hearing perception.”’ Inasmuch as, according to 
our opinion, this elementary quantity determines 
the discreteness of hearing perceptions it is, of 
course, a physiological phenomenon and not a 
physical one. 


0.58i—‘‘elementary”’ increase in sound intensity 
depends on the duration of the sound and 
the number of Hertz. 

1.587 X t; —‘‘elementary”’ work of sound does not 
depend on the duration of the impulse but 
depends on the number of Hertz. 

2 db—‘‘elementary quantity of hearing percep- 
tion’”’ is alike both for various numbers of 
Hertz and for impulses of different lengths. 


The magnitude of 2 db is alike for visual and 
tactual sensations as well as for hearing. We must 
look for an explanation of this fact in the sup- 
position that the discreteness of sensations is 
determined not by the receptor but by the nerve 
path beyond the receptor. Thus the absolute 
value of the sensitivity of the receptor does not 
play any part here. 

Subjective retardation of the sound impulses 
must be taken into account when considering 
problems of room acoustics. The subjective 
perception of the increase in sound in closed 
chambers will be much shorter than the actual 
time. The moment of the appearance of echo 
subjectively seems later than the actual moment. 
This difference in some cases can reach any 
fraction of a second. 
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The Mode of Vibration of a Clarinet Reed 


C. S. McGinnis AND C. GALLAGHER 
Temple University Laboratory of Physics, Philadelphia, Pennsylavnia 
(Received September 12, 1940) 


Theoretical explanations of the action of the vibrating clarinet reed have been based upon 
the assumption of the partial closing of the aperture under the reed. This assumption is not 
supported by experimental evidence. The motion of the reed was observed stroboscopically, 
with the tone produced by an artificial embouchure. The actual frequency of the reed has been 
determined and other details in the mode of vibration observed. 


INTRODUCTION 


HE clarinet is generally considered as acting 

as a closed pipe with its tone containing 
only odd numbered harmonics. However, it was 
shown by Blaikley! in 1884, and later by Miller, 
that even numbered harmonics were also present 
so that a revision of the simple theory was 
necessary. 

The explanations which have appeared have 
all assumed that the action of the reed would 
explain Blaikley’s and Miller’s results. C. V. 
Raman* gave a qualitative description of the 
reed’s motion, in which he assumed that the 
mouthpiece acts like a closed end. P. Das, in 
an ingenious mathematical analysis, also as- 
sumed that the mouthpiece is essentially a 
closed end. From this he concluded that the 
motion of the reed may be described as a vibra- 
tion about an equilibrium position which moves 
periodically towards and away from the mouth- 
piece. He found the periodicity to depend upon 
the length of the tube. R. N. Ghosh? later de- 
veloped a mathematical theory, but he assumed 
that the aperture between reed and mouthpiece 
is never closed. This view was shared by J. Red- 
field,* who simply stated that the reed never shuts 
off the air supply from the mouthpiece. 

Aschoff? has investigated the motion of the 


1H. Helmholtz, Sensations of Tone (Longmans, Green, 
London, translation by Ellis), p. 99. 

?D. C. Miller, The Science of Musical Sounds (Mac- 
millan, 1926), pp. 201 and 138. 

3C. V. Raman, “The clarinet,” Handbuch der Physik, 
Vol. 8, p. 410. 

*P. Das, “Theory of the clarinet,” 


Ind. J. Phys. 6, 
225-232 (1931). 


®R. N. Ghosh, “Theory of the clarinet,” J. Acous. Soc. 
Am. 9, 255-264 (1938). 
_ §J. Redfield, “Air column behavior in orchestral wind 
instruments,”’ J. Acous. Soc. Am. 6, 34-36 (1934). 

om V. Aschoff, ‘‘Experimentelle Untersuchungen on einer 
Klarinette,” Akustische Zeits. 1, 77-93 (1936). 
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clarinet reed by stroboscopic methods, finding 
that the reed closed the gap between itself and 
the mouthpiece only at the tip of the reed. This 
is not supported by photographic evidence. 

Also the addition of aluminum foil to the 
vibrating reed, as required in this method, 
would probably alter the conditions of its 
vibration. 

Since there is little agreement on the facts 
which seem necessary for the development of a 
theory, it seems essential to investigate the 
mode of vibration of the reed more closely. 


CLARINET, REED AND MOUTHPIECE 


The reed was mounted upon the mouthpiece 
of a Bb Boehm system clarinet, which is the 
instrument and system in most common use. 
The reed, before being used with the artificial 
embouchure, was designed to operate success- 
fully with the natural embouchure. The mouth- 
piece had a facing of medium length to which the 
reed was carefully adjusted. 


THE ARTIFICIAL EMBOUCHURE 


Obviously, it was necessary to make visual 
and photographic observations of the reed while 
the instrument was sounding. The device which 
made this possible was a chamber with trans- 
parent walls, and an artificial embouchure to 
simulate the action of the player’s lips and teeth. 

The device consists of a metal cylinder, di- 
ameter 3.0 inches and length 12.5 inches. 
Windows of transparent plastic in opposite 
sides and also at one end allow easy viewing and 
illumination for the stroboscopic study, Fig. 1. 

As an embouchure, a rubber pad adjustable 
along the reed and also perpendicular to its 





530 C. S. McGINNIS AND C. GALLAGHER 
Also, 
Ny=No—-1= +--+ =n,—k+1. 
Thus 





Fic. 1. Artificial embouchure. 


plane was applied against the reed to simulate 
the lips, and pressure was applied to the pad 
by a screw to simulate the teeth. All adjustments 
could be made from without while the reed was 
in motion. During the operation, the necessary 
moisture of the reed was maintained by saturated 
cotton placed in the cylinder. The blowing pres- 
sure. from an air compressor was controlled by 
stopcocks and measured by a mercury manom- 
eter. The pressure was from 1.6 cm to 3.6 cm of 
mercury, Fig. 2. 


THE STROBOSCOPE 


The Edgerton stroboscope has a flash speed 
range of 60 cycles per second, which is controlled 
by a synchronous motor contactor. This per- 
mits accurate of fundamental 
reed frequencies over the entire range of the 
clarinet. 

To measure the frequency of the reed, the 
contactor is set to give the maximum flash 
speed of 3600 per minute. As the flash speed is 
slowly decreased, successive cases of fundamental 
synchronism result. That is, the reed frequency is 
an exact integral multiple of the flash speed, and 
the reed appears to be stopped. 

Let f be the reed frequency in cycles per 
second, and F;, Fo, --- Fy be the flash speeds 
per minute corresponding to successive cases 
of synchronism. Also, let m, m2, --- nm, be the 
integral multiples corresponding to these flash 
speeds. Then, 


measurements 


nF\=n2F.= +--+ =n, F,=60f. 


n,=(k—1)F;, (F,— F;,). 


This gives an approximate value of m, 
sufficiently close to some exact integer. From 
the exact value thus obtained, and from the 
values of m2, m3, etc., independent values of f 
may be calculated and averaged. (See Figs, 
2 and 3.) 


RESULTS 


1. During a large part of its cycle, the flow 
of air into the mouthpiece is completely cut off 
by the reed. (See Fig. 3, (a), (b), and (c). This 
is even more obvious visually. The only source 
of light used in making photographs was the 
mercury arc of the stroboscope which was 
placed to show particularly the slit between reed 
and mouthpiece and hence not in the best 
position for photographing the mouthpiece. 
The complete closure of the reed aperture is in 
disagreement with the assumption of Ghosh‘ 
that ‘‘the chink between the mouthpiece and the 
reed never shuts completely.”’ It also conflicts 
with Redfield’s® statement that “the clarinet 
reed never entirely shuts off ingress of air 
into the mouthpiece while the instrument is 
sounding.” 

2. The motion of the reed during a complete 
cycle is of interest. Consider that the chink is 
just on the point of closing. With the aperture 





Fic. 2. Reed in normal position on the mouthpiece. 
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(c) 


Fic. 3. (a) Note E;. Low register. (b) Note By. Middle register. (c) Note Fs. High register. Reed closes 
aperture completely in all registers. Notes are as read, and middle C is notated as Cy. (R. W. Young, “‘Ter- 
minology for logarithmic frequency units,” J. Acous. Soc. Am. 11, 134-139 (1939).) The notes actually 


sounded above are D;, As and Eg, respectively. 


closed, the reed appears motionless to the eye 
for about half the time of a complete cycle. 
It then leaves the mouthpiece with relatively 
high velocity and reaches its position of maxi- 
mum displacement in a series of short spurts. 
The time spent apparently motionless at maxi- 
mum displacement is roughly a quarter of the 
fundamental period. The tip of the reed now 
returns to the mouthpiece in another series of 
short spurts, and the fundamental cycle is 
complete. Thus the actual motion of the reed 
occupies only about a quarter of the entire period. 
This description agrees in a general way with the 
results predicted by Das‘ in his mathematical 
development, which, however, were without 
experimental confirmation. 

A somewhat analogous motion is to be found 
in the action of the human vocal cords.* In low 
range, the cords were found to be tightly closed 
for as long as half of the cycle. This length of 
time for which they remained tightly closed 
became smaller in the higher pitches of the 
falsetto. This variation of time of closure with 
pitch was not evident with the clarinet reed. 

3. The fundamental frequency of the reed 
vibration as measured with the calibrated 


8D. W. Farnsworth, ‘High speed motion pictures of the 
human vocal cords,” Bell Lab. Record 18, 207-208 (1940). 


stroboscope is the same in all ranges to within 
one percent as the fundamental frequency of 
the tone produced. The latter was measured 
with a frequency meter. This might appear 
surprising, since harmonic analysis shows that 
the energy associated with the fundamental is 
practically negligible for all loud tones. 

4. For a tone of good quality the tip of the 
reed vibrates as a unit, e.g., it remains parallel to 
the facing of the mouthpiece. Tones of poor 
quality are associated with variations from the 
normal mode, and they may be encountered 
under a variety of playing conditions. If the 
blowing pressure is not brought up to the proper 
value, other small and very rapid vibrations 
are superimposed on the normal mode. These 
produce inharmonic partials which are unde- 
sirable. Still smaller blowing pressure may 
produce a “‘squeal.’’ Here the tip of the reed 
no longer vibrates as a unit, but in parts along 
its width with a central nodal line parallel to its 
length. A poorly adjusted embouchure will 
cause this same sound at even higher blowing 
pressures. Good quality seems to be associated 
with symmetry both as regards embouchure 
pressure and reed design. 

The results agree in all respects with the 
judgments of practical clarinet players. 
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Acoustical Society News 


Future Meetings 


The spring meeting of the Acoustical Society will be 
held about the time this issue reaches you, namely, May 5, 
6 and 7, 1941, in Rochester, N. Y. Mr. Benjamin Olney is 
Chairman of the program committee. 

The fall meeting will be held at the Hotel Pennsylvania, 
New York, on October 24 and 25, 1941. The Society of 
Motion Picture Engineers, which often presents papers of 
acoustical interest, holds its meeting in this same hotel 
October 20-23. The Optical and Rheological Societies meet 
October 23-25 also in this hotel, so a variety of papers 
may be heard by those who come for the Acoustical Society 
meeting during this week. 


New Members 


Elmer V. Carlson, 
2825 S. Prairie Avenue, 
Chicago, Illinois. 


Harold Edward Ellithorn, 
Engineering School, 
University of Notre Dame, 
Notre Dame, Indiana. 
Harold Jerome Courtney, 
c/o Celotex Limited, 

North Circular Road, 
Stonebridge Park, London, 
N.W. 10. 


Charles Wellborn Fortson, 
P.O. Box 1472, 
Atlanta, Georgia. 


Bertram Charles Hill, 
2315 Commerce Street, 
Dallas, Texas. 


Dudley Watson Day, 
500 West Huron Street, 
Chicago, Illinois. 


Halson Vashon Eagleson, 
272 Lee Street, S.W. 
Atlanta, Georgia. 


Louis Warne Labaw, 
150 Brown Street, 
Providence, R. I. 


Charles Tabor Morrow, 
Cruft Laboratory, 

Harvard University, 
Cambridge, Massachusetts. 


Robert Wendell Roop, 
Physics Department, 
University of Pennsylvania, 
Philadelphia, Pennsylvania. 


S. N. Shure, 
225 West Huron Street, 
Chicago, Illinois. 


Rodney Firth Simons, 
129 Maple Avenue, 
Troy, New York. 
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Frederick Howard Smith, 
150 Claremont Avenue, 


New York, New York. 


Cecil Kingsley Stedman, 
Department of Physics, 
Purdue University, 
Lafayette, Indiana. 


William Owen Swinyard, 
325 West Huron Street, 
Room 710, 

Chicago, Illinois. 


Howard Alan Thorpe, 
Penn State Center, 
Hazleton, Pennsylvania. 


Raymond M. Wilmotte, 
921 Bowen Building, 
Washington, D. C. 


Suspended: Eric J. Irons, member. 


Deceased: Dayton C. Miller, Fellow. 


Transferred to Fellowship: Leo L. Beranek, Charles William 


Bray. 
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Current Publications on Acoustics 


Book Reviews 


The Mechanism of the Human Voice. Ropert Curry. 
Pp. 205+ix. Longmans, Green & Company, New York, 
1940. 

In his preface the author expresses a desire “. . . to 
clarify and correlate some of the many diversified lines of 
study . of the human voice.”’ This review deals specif- 
ically only with the chapters on the acoustics of voice, 
voice and hearing, and experimental study of voice 
roughly one quarter of the book. These chapters contain 
not too adroit paraphrases of the better known research in 
these fields and much misinformation. 





A few illustrative citations follow. “Sound may be de- 
fined as a vibratory movement of air molecules taking place 
at a more or less regular rate of vibration per second. 
Noise is defined as a vibratory motion of air molecules 
taking place without this regular rate of vibration per 
second.”’ (p. 39) Since the Terminology Subcommittee 
solicits comments and suggestions, these definitions should 
perhaps be brought to their attention as bearing on para- 
graphs 1.1 and 1.42 of the American Tentative Standard 
Acoustical Terminology. The section on acoustics contains 
much quaint information. “In a sound wave the intensity 
is nearly inversely proportional to the square of the 
distance between the sound-source and the position of the 
receiver.”” (p. 40) ““The loudness of an air vibration is a 
subjective impression formed by a hearer. It depends upon, 
firstly, the intensity of the vibration, secondly, the sensi- 
tivity of the ear for the particular frequency of the vibra- 
tion, and thirdly, the characteristics of the medium in 
which it is propagated.” (p. 41) “. . . the propagation 
of the wave will vary with frequency and intensity.” 
(p. 41) “A scale of equal intervals of physical intensity is 
linear. A scale of equal intervals of loudness is not linear, 
but is nearly logarithmic.” (p. 41) “Tone quality is the 
subjective impression of the nature of the sound wave, 
depending upon the number of components and their 
relative intensities, frequencies, periods and phases.” (p.41) 
“Diffraction of sound is the unequal diffusion and propa- 
gation of sounds of different frequencies.” (p. 42) 

Despite references to Lewis on the definition of pitch and 
its physical determinants, pitch and frequency are con- 
fused throughout. Intensity apparently means what pho- 
neticians call “force of articulation’? wherever used. Al- 
though the section of Fletcher’s book containing speech 
power definitions is cited in the references, no cognizance 
of these is taken in the text. And we learn that “average 
values of the intensity (average speech power?) for a 
speaker in a small auditorium vary between 10 and 50 
microwatts. The range may be very wide from a maximum 
of about 1000 microwatts to a minimum of 0.001 micro- 
watts. This is a range of 1,000,000 to 1 or 120 decibels.” 
(p. 51) From this we may arrive at a mathematical 
definition of the author’s “decibel” which is nowhere given 
in the book. The only other attempt at defining the 
decibel confuses it with the concept of intensity level. 


“The decibel is a stimulus-unit expressing the relation 
between two intensities and referring to an arbitrary zero 
level. This zero. ..is...an energy of 10- watts 
per sq. cm.” (p. 135). 

As would be expected the hoary harmonic vs. inharmonic 
controversy rears its ugly head again cluttered with a few 
new obfuscations. This is followed by a hurried discussion 
of the structure of several vowels identified only by symbols 
in an unidentified system (presumably, though not cer- 
tainly, I.P.A., since, although the I.P.A. chart is pub- 
lished in the book, frequent use of non-I.P.A. symbols is 
made). This discussion contains no mention of resonant 
frequencies and damping constants of formants. (pp. 56-60) 

Admittedly, it is a difficult job to condense Hearing by 
Stevens and Davis into a chapter of nineteen pages, but 
apparently the author hopes to overcome some of this 
difficulty by sowing plentiful references to the original 
source in the text. Stevens and Davis are cited eighteen 
times to two for Fletcher and one each for several others. 
Nevertheless the reader is left to wonder at the arbitrary 
assignment of references in some instances and lack of 
them in others. Many basic investigations are hurriedly 
dealt with in one or two sentences. Concerning differential 
pitch sensitivity (Af/f) we are told only that “this is 
approximately constant at 0.0003 above 500 cycles. Below 
500 cycles the relative difference-limen increases to 0.04 
at 62 cycles.” (p. 135) The value 0.0003 may be a printer’s 
error but the lack of a statement that the value given for 
62 cycles holds only at a 40-db sensation level is certainly 
an error of omission on the part of the author. The whole 
treatment is so superficial that it is worthless. An instance 
of carelessness in exposition is found on page 150 where a 
graph of a vowel analysis by Gemelli is reproduced. No 
explanation accompanies the graph nor is mention made 
of it anywhere in the text. In fact the work from which it 
is taken is not even listed in the bibliography. For the 
sake of the curious the reference is here cited: Gemelli, A. 
“Nuovo contributo alla conoscenza della struttura delle 
vocali.’” Commentationes, Pontifica Academia Scientiarum, 
1: 30, Vatican (1937). Incidentally, the four-hundred item 
bibliography should afford considerable vicarious pleasure 
to true bibliographers. It bristles with errors. 

It is safe to say that the author has not achieved his 
avowed purpose. The book may tickle a perverse sense of 
humor in readers who are already familiar with the research 
discussed, but for beginners in the science of speech this is 
definitely a dangerous book. 

J. M. Cowan 
State University of Iowa 


The Acoustic Air- Jet Generator. JuLtus HARTMANN. Pp. 
202. Engineering Science Publication No. 4, 1939, Academy 
of Technical Sciences, Copenhagen, Denmark. 

The author, Professor of Technical Sciences at the In- 
stitute of Technology at Copenhagen, is well known for his 
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various publications investigating the distribution of 
velocity in jets of different fluids. 

The present work applies the results of his previous 
research to the design of an acoustic air-jet generator. The 
generator consists of two main parts, a nozzle and a hollow 
cavity, the so-called oscillator. If the velocity of the jet 
exceeds that of sound and if the jet is directed towards the 
oscillator periodic vibrations of the air of one frequency 
will be set up. Provisions are made to make the nozzle and 
oscillator accurately coaxial and movable with respect to 
each other. The distance between nozzle and oscillator is 
of prime importance since only when the oscillator is within 
the interval of instability will single frequency sound waves 
be generated. 

If the air jet is explored along its axis with a Pitot tube, 
a periodic change of pressure with distance will be observed. 
It is proved that with a rather wide Pitot tube it is im- 
possible to produce those parts of the Pitot curve where 
the pressure is rising. These parts of the Pitot curve are 
called intervals of instability. If the oscillator is placed 
within the intervals of instability, it will take in and dis- 
charge air alternately and thus set up vibrations of the air. 

The author illustrates in detail the constructional design 
of the generator and the layout of the acoustical laboratory. 
The pressure for the air jet is supplied by a compressor 
plant capable of maintaining an excess pressure of 7 atmos. 
in the main air chamber with a supply of about 10 m*/hour. 

The absolute sound wave intensity generated by the 
apparatus is measured by means of a Rayleigh disk. The 
sensibility of the Rayleigh disk used is compared to the 
sensibilities of a sound pressure indicator of the simple 
Westphal balance type and to several thermic and pinhole 
indicators. Full experimental data as well as theoretical 
analysis are given. 

The performance of the air-jet generator for different 
oscillator sizes is discussed. A large number of radiation 
curves are shown. The wave-length varied from 5 to 150 
mm for oscillator sizes of 2 to 6 mm. From the radiation 
measurements values for the absorption coefficient are 
obtained and compared to values given by other inves- 
tigators. 

The efficiency of the acoustic air-jet generator is defined 
as the ratio of the total flux of acoustic energy emitted by 
the generator to the power required for maintaining the 
air jet. A maximum efficiency of 5.6 percent resulted at an 


REVIEW 


excess pressure of about 2 atmos. As the pressure js 
increased the efficiency decreases gradually to attain 


value of 2.8 percent at 5 atmos. 


a 


From the experimental data a set of formulas is derived, 
and these in turn are used to construct a set of nomograms. 
With the help of the nomograms the design of an air-jet 
generator to fit any two conditions such as wave-length, 
radiated power, efficiency, etc. becomes a simple matter, 

The most outstanding part of the book deals with the 
application of the air-jet generator to investigations of 
sound interference and diffraction phenomena. The air-jet 
generator represents one of the closest possible approaches 
to a point source in acoustics. Curves for the interference 
phenomena with the generator in front of a plane mirror 
are shown. A discussion of a plane mirror spectrograph and 
a study of the mirror size are included, based upon the 
Fresnel-Huygens theory of geometric zones. Spectrograms 
of the radiation from the generator for different oscillator 
sizes are given. Various radiation patterns for the generator 
mounted at the focus of a parabolic mirror and at the 
throat of simple conical tubes are obtained. 

The modus operandi of the generator is studied in great 
detail. Photographs of the air jet are taken by an optical 
method based upon the well-known theory of the method 
of striae. At high pressures a Riemann wave is formed in 
the jet which shows up as a bright line in the photographs. 
It is observed that the Riemann wave in front of the oscil- 
lator acts as a most brilliant mirror. The reflection effect is 
explained by the fact that the Riemann wave is charac- 
terized by a large and sudden change of all the quantities 
of flow of air such as velocity, pressure, density, etc. If 
properly illuminated the Riemann mirror gives an excellent 
means for rendering visible the oscillations of the air. Thus 
measurements of the amplitude of stationary waves in the 
oscillator are made with the Riemann mirror. 

The parts of the book dealing with the analogous proper- 
ties of optics and sound and the investigation of the air jet 
are of very special interest. The experimental data are well 
presented by many curves and tables and substantiated 
by complete theoretical considerations. An excellent set 
of photographs is added to show clearly the flow of air and 
the Riemann mirror in particular. 

A short bibliography concludes the book. 

RopoLtFo M. Soria 
Illinois Institute of Technology 
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References to Contemporary Papers on Acoustics 


, ig of the titles of papers appearing in other languages than English have been translated. 
Abstracts in English of many foreign papers have appeared or soon will appear in Science 
Abstracts, Section A. Where references are made to Science Abstracts, the reference is to the volume 
number and abstract number. The abbreviations of the names of journals are those used in Science 
Abstracts and can be found in any annual index to those absiracts. 

The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal issued in November, 1939. This same Classification 
of Subjects can be found in the index to Volume 12. 


Compiled with the generous assistance of Samuel Sass, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL AcouSTICS 


Theater Comes of Architectural Age; Stevens 
Sound-Control Technique. Arch. Rec. 88, 114 (Nov. 
1940). 

Sound-Proof Room Not Sealed from the Outside. 
Sci. American 164, 101 (Feb. 1941). 


4. Ear AND HEARING 


Present Status of Auditory Research: An Anatomo- 
Physiologic Viewpoint. F. A. METTLER. J. Gen. 
Psych. 22, 387-412 (April, 1940). 

Simple, Inexpensive, and Portable Apparatus for 
Demonstrating the Phantom Sound. H. B. CARLson. 
J. Exp. Psych. 27, 337-338 (Sept. 1940). 

Role of Head Movements and Vestibular and Visual 
Cues in Sound Localization. H. WALLACcH. J. Exp. 
Psych. 27, 339-368 (Oct. 1940). 

A Directory of Facilities for the Hard of Hearing 
and the Deaf in the State of New York. Compiled 
by Temporary State Commission on Facilities for 
Hard of Hearing. 

The National Census of the Deaf. R. NATHAN. Am. 
Ann. Deaf 85, 340-341 (1940). 

Hearing Acuity of Animals as Measured by Con- 
ditioning Methods. S. DworkIN AND OTHERs. J. 
Exp. Psych. 26, 281-298 (March, 1940). 

Hearing of School Children. R. C. MAcKAye. Am. 
J. Phys. Anthrop. 27, Sup. 12 (Sept. 1940) (Ab- 
stract). 

Messungen der Hérschwelle und der Trommel- 
fellabsorption an Gesunden und Kranken Ohren. 
(Measurements of Threshold and Tympanum Ab- 
sorption in Well and Sick Ears.) WOLFGANG 
MENZEL. Akustische Zeits. 5, 257-268 (Sept. 1940). 
Pitch of Complex Tones. L. A. JeFFREss. Am. J. 
Psych. 53, 240-250 (April, 1940). 

Support for the Exploring Tone Method of Measur- 
ing Aural Harmonics. D. Lewis. Psych. Rev. 47, 
169-183 (March, 1940). 

A Quantitative Study of Combination Tones. E. G. 
WeEver, C. W. Bray AND M. LAwreNce. J. Exp. 
Psych. 27, 469-496 (1940). 
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4.10 The Origin of Combination Tones. E. G. WEVER, 


C. W. Bray AND M. LAWRENCE. J. Exp. Psych. 27, 
217-226 (1940). 


4.11 Untersuchungen zu den Theorien des Hérens. 


wn 


oA) 


A 


wn 
— 


wn 
~ 


5.8 


.16 Pioneering in Talking Pictures. L. 


(Researches on the Theories of Hearing.) H. Junc. 
Akustische Zeits. 5, 268-283 (Sept. 1940). 


. AppLieD Acoustics, INSTRUMENTS AND APPARATUS 


The Acoustic Air- Jet Generator. Nature 146, 623- 
624 (Nov. 9, 1940). 
Devices for Combining DB Levels. K. G. VAN 
WYNneEN. Bell Lab. Rec. 19, 112-116 (Dec. 1940). 
Frequency Meter to Study Vibratory Cycles. Sci. 
American 164, 19 (Jan. 1941). 
Loudspeaker Dividing Networks. Jonn K. HIL- 
LIARD. Electronics 14, 26-28 (Jan. 1941). 
Poly-Directional Microphone. Electronics 14, 98 
(Jan. 1941). 
Absolute Pressure Calibrations of Microphones. 
RicHarp K. Cook. Bureau of Standards J. of 
Research 25, 489-505 (Nov. 1940). 

3 Professor Harold Burris-Meyer’s Acoustic Envelope 
and Sound-Projection Equipment. Sci. News Letter 
38, 342 (Nov. 30, 1940). 


.13 Fantasound for Disney Picture; Entirely New Type 


of Motion Picture Sound Recording and Repro- 
duction. Sci. Digest, 9, 92-93 (Jan. 1941). 

3 A New High Quality Soundhead. R. H. HEAcocK. 
RCA Rev. 5, 283-292 (Jan. 1941). 

5 Devices for Combining DB Levels. K. G. VAN 
Wynen. Bell Lab. Rec. 19, 112-116 (Dec. 1940). 


.16 Experiments with Stereophoric Records. K. DE 


Boer. Philips Techn. Rev. 5, 182-186 (June, 1940). 
DE Forest. J. 
Soc. Mot. Pict. Eng. 36, 41-49 (Jan. 1941). 


6. MusIcAL INSTRUMENTS AND MusIc 


Measurements of Orchestral Pitch. O. J. MurpPuy. 
Bell Lab. Rec. 19, 143-146 (Jan. 1941). 

Musical “ Micro-Scales” and ‘ Micro-Melodies.” 
H. WERNER. J. Psych. 10, 149-156 (1940). 

Uber Frequenzkurven von Geigen. (Frequency 
Analysis of Violins.) HERMANN MEINEL. Akustische 
Zeits. 5, 283-300 (Sept. 1940). 
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REFERENCES 


TO 


7. NOISE 


Need of Noise Abatement. American City 55, 60 
(Oct. 1940). 

Harmonic Theory of Noise in Induction Motors. 
W. J. Morriwe. Trans. A.I.E.E. 59, 474-480 (Aug. 
1940). 


8. STANDARDS 


Mitteilungen des Deutschen Akustischen Aus- 
schusses. (Communication of the German Acous- 
tical Committee.) Akustische Zeits. 5, 303 (Sept. 
1940). 


9. SPEECH AND SINGING 


Speech without the Tongue. Sci. Digest 8, 53-54 
(Sept. 1940). 


10. SuPERSONICS (ULTRASONICS) 


Vibration Modes of Rochelle Salt Crystals. N. 
TAKAGI AND M. Iso. E.T.J. 4, 186 (Aug. 1940). 
Ein Nomogramm zur Ermittlung des Schallab- 
sorptionskoeffizienten in Luft. (A Nomogram for 
Finding the Sound Absorption Coefficient in Air.) 
H. O. Kneser. Akustische Zeits. 5, 256-257 (Sept. 
1940). 

Absorption hérbaren Schalles in Luft und ihre 
Abhiangigkeit von Feuchte und Temperatur. (Ab- 
sorption of Audible Sound in Air and Its Dependence 
on Humidity and Temperature.) HELMUT KNOTZEL. 
Akustische Zeits. 5, 245-256 (Sept. 1940). 

A New Technique for Determining Ultra-sonic 
Velocities in Liquids. R. L. NARASIMHAIYA AND C. 
S. Doratswami. Indian Journ. Phys. 14, 187-189 
(June, 1940). 
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PAPERS ON ACOUSTICS 
Smoke Eliminated by Sound. Sci. Digest 8, 94-95 
(Dec. 1940). 


11. WAVES AND VIBRATIONS 


Ice a Sound Transmitter. Sci. Digest 9, 96 (Feb, 
1941). 

Velocity of Sound. R. C. CoLWELt, A. W. Frienp 
AND L. H. Gipson. Frank. Inst., J. 230, 749-754 
(Dec. 1940). 

Measurement of Solid Friction of Plastics. A. 
GeMANT. J. of Applied Physics 11, 647-653 (Oct. 
1940). (Method of measuring vibrational damping 
of synthetic plastic materials.) 

Relation between Velocity of Sound in Liquids and 
Molecular Volume. M. R. Rao. Indian Journ. Phys, 
14, 109-116 (April, 1940). Sci. Abs. A43, 3183 (1940). 
Ein Nomogramm zur Ermittlung des Schallabsorp- 
tionskoeffizienten in Luft. (A Nomogram for Finding 
the Sound Absorption Coefficient in Air.) H. 0. 
KNESER. Akustische Zeits. 5, 256-257 (Sept. 1940). 
Equations of Finite Differences Applied to Torsional 
Oscillations of Crankshafts. M. A. Bior. J. of 
Applied Physics 11, 530-537 (Aug. 1940). 

Normal Modes of Vibration of Beams having Non- 
collinear Elastic and Mass Axes. C. F. Graanp. 
J. of Applied Mechanics 7, A97-A105 (Sept. 1940), 
Sci. Abs. B43, 2016 (1940). 

Clamped Circular Plate which is Subjected to In- 
ternal Resistance. T. HAYASAKA. Nippon Elect. 
Comm. Eng. No. 20, 66 (April 1, 1940). English 
abstract. ‘ 

Calculation of the Lowest Natural Frequency of a 
Propeller by Rayleigh’s Method. S. LuTHANDER. 
Tekn. Tidskr. (Mekanik) 70, 73-78 (July 20, 1940). 
Sci. Abs. B43, 2014 (1940). 
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Review of Acoustical Patents 


HERBERT A. ERF 
The H. A. Erf Acoustical Company, Cleveland, Ohio 


RINTED copies of patents are furnished by the Patent 

Office at a cost of 10¢ each. Address all communica- 
tions to: The Commissioner of Patents, Washington, D. C. 
Remittances should be made by postal money order, 
certified check or cash. Do not send stamps. 

The decimal numbers appearing before each title are 
the numbers which identify the subject headings in the 
Cumulative Index of this journal issued in November, 1939. 
This same classification of subjects can be found in the 
index to Volume 12. 


2,224,651 


2.2 5.51 ACOUSTICAL APPARATUS 


C. R. Jacobs. 
December 10, 1940, U.S.P.O. Cl. 181-30, 12 Claims. 








Apparatus for use primarily in radio broadcasting studios, 
recording studios, etc. The object is to provide selective 
variation of acoustical conditions within the studio. The 
apparatus consists of a plurality of acoustical vanes for 
use in the chamber. Each vane is comprised of a pair of 
concave panels forming a hollow elongated body; one of 
panels to be a rigid and dense sound-reflecting panel, the 
opposing panel to be of a material capable of absorbing 
sound. The vanes are pivotally mounted and the rotation 
may be controlled mechanically at some distance. 


2,212,181 


2.4 ACOUSTICAL APPARATUS 


Waldemar Oelsner, Copenhagen, Denmark. 
August 20, 1940, U.S.P.O. Cl. 181-0.5, 19 Claims 


The invention described is an oscillatory plate-like 
element. The elements are mounted on the boundary walls 
of the room and spaced therefrom. Means are provided 
with each element to limit the oscillations, thereby varying 
the acoustic effects in the room. Certain of the elements 
are especially responsive to high frequency sound waves 
and others of the elements are especially responsive to the 
low frequency sound waves. 
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2,221,001 
2.4 VENTILATING CEILING 


William I. Lucius, assignor to Johns-Manville Corporation. 
November 12, 1940, U.S.P.O. Cl. 98-33, 7 Claims. 
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This invention relates to a wall or ceiling construction 
adapted for ventilation and sound absorption. The 
construction, comprising perforated facing units, supports 
for same, a sound-absorbing element with supports for 
same, is so secured to an impermeable wall or ceiling 
element that a plenum chamber is formed between the 
back of the sound-absorbing element and the impermeable 
member. The air is conducted through the hollow supports 
of the sound-absorbing element into the hollow support of 
the facing element and thence to the space between the 
facing element and the sound-absorbing pad from where 
it is permitted to flow into the room through the perfora- 
tions in the facing element. 


2,229,255 


2.4 METHOD OF MAKING ACOUSTICAL PANELS 


Arthur D. Park, assignor to Armstrong Cork Company. 
January 21, 1941, U.S.P.O. Cl. 154-28, 5 Claims. 





A method of making an acoustical panel including a 
supporting backing, a sound absorptive core and a sound 
pervious facing. 
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2,188,527 


2.4 CEILING STRUCTURE 


Pasquale Carilli. 
January 30, 1940, U.S.P.O. Cl. 189-85, 6 Claims. 


A wall or ceiling structure of sheet metal molded to 
provide a multiplicity of panel receiving cavities. Rela- 
tively thin panels of acoustic and insulating materials are 
secured in the recesses of the structure. 


2,229,401 
2.4 METHOD OF MAKING VIBRATION AND SOUND 
DAMPING MATERIALS 


Erwin A. Worm, Jr., assignor to Armstrong Cork Company. 
January 21, 1941, U.S.P.O. Cl. 154-28, 10 Claims. 


2,221,499 
2.4 SOUND-DEADENING COMPOSITION 


Joseph A. Torri, assignor to J. W. Mortell Company. 
November 12, 1940, U.S.P.O. Cl. 106-31, 7 Claims. 


A fluid adhesive sound-deadening composition adapted 
for use in connection with metallic panel surfaces, and to 
become self-sustaining on applied surface. The composition 
consists of a mixture of an emulsion of water and asphalt 
together with sand. 


2,228,076 
2.9 SOUND INSULATING FLUID CONDUCTOR 


Walter K. Flavin. 
January 7, 1941, U.S.P.O. Cl. 181-33, 3 Claims. 


This invention comprises, in combination, a metallic 
fluid conducting pipe and a sleeve pipe having a slide fit. 
The weight per foot of sleeve pipe is greater than the weight 
of carrying pipe. The carrying pipe has an unsymmetrical 
cross section. For use in connection with plumbing fixtures. 


2,229,064 

2.9 MEANS FOR SUSPENDING INSULATING CEIL- 
INGS, ETC. 

Harold L. Finch. 

January 21, 1941, U.S.P.O. Cl. 72-118, 7 Claims. 
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A method of attaching acoustic or insulating fiber tile 
to ceiling or wall construction. The method embodies the 
use of known 7-runners and sheet metal clips. The clips 
are first engaged in the edges of the acoustic or insulating 
tile and then the tile with clips attached may be snapped 
into place as a unit. 
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2,230,397 
4.5 ACOUSTIC APPARATUS FOR THE DEAF 


Lewis Abraham, Brussels, Belgium. 
February 4, 1941, U.S.P.O. Cl. 179-107, 2 Claims. 








A receiver shaped like a tobacco pipe using the stem to 
transmit the vibrations to the teeth of the deafened 
person. 

2,230,738 


4.5 EARDRUM PROTECTOR 


Edward Baum. 
February 4, 1941, U.S.P.O. Cl. 128-152, 1 Claim. 


A device for insertion into the ear canal which will 
protect the user from the effect of abnormal sound 
intensities. 

2,230,499 and 2,230,500 


4.5 BONE CONDUCTION RECEIVERS 


Samuel F. Lybarger, assignor to E. A. Myers and Sons 
Company. 

February 4, 1941, U.S.P.O. Cl. 179-107, 16 and 7 Claims, 
respectively. 


2,224,974 
4.5 SOUND TRANSMITTER 


Samuel F. Lybarger, assignor to E. A. Myers and Sons 
Company. 
December 17, 1940, U.S.P.O. Cl. 179-127, 3 Claims. 


A wearable hearing aid microphone. 


2,225,597 
4.5 HEARING AID AMPLIFIER 


Dean Babbitt and Hermann Scheibler. 
December 17, 1940, U.S.P.O. Cl. 179-171, 10 Claims. 


A wearable hearing aid amplifier. 


2,229,206 
5.5 AUDIOMETER 


John R. Cubert, assignor to Aurex Corporation. 
January 21, 1941, U.S.P.O. Cl. 181--0.5, 4 Claims. 





st 





3 





a RN 


a een 


REVIEW 





OF 





2,228,499 


5.9 APPARATUS FOR THE VIBRATION TESTING 
OF ARTICLES 
F. Allendorf, Stuttgart, Germany. 
January 14, 1941, U.S.P.O. Cl. 73-51, 12 Claims. 
Devised for testing the vibration of articles such as 
small machines, assembled, ready for use. 


2,228,886 


5.9 ELECTROACOUSTICAL APPARATUS 


Harry F. Olson, assignor to Radio Corporation of America. 
January 14, 1941, U.S.P.O. Cl. 181-0.5, 15 Claims. 








A directional microphone which is especially suitable 
for use in sound motion picture recording, television 
pick-up, large stage production in radio broadcasting where 
it is desirable to keep the microphone out of the field of 
action and where it is, therefore, necessary to place the 
microphone at a considerable distance from the sound 
source. 


2,228,249 
6.1 TUNE INDICATING DEVICE FOR 
MUSICAL INSTRUMENTS 
Frederick J. Alyn. 
January 14, 1941, U.S.P.O. Cl. 84-454, 14 Claims. 


2,229,440 


6.6 PIANO SOUNDBOARD 
Richard W. Carlisle. 
January 21, 1941, U.S.P.O. Cl. 84-192, 6 Claims. 


2,227,741 
6.6 PIANO ACTION 


William G. Betz, assignor to Pratt, Read and Company, 
Inc. 
January 7, 1941, U.S.P.O. Cl. 84-240, 12 Claims. 


2,217,021 


6.6 PIANO STRING PLATE CONSTRUCTION 
Joseph Klepac assignor to Story and Clark Piano 
Company. 
October 8, 1940, U.S.P.O. Cl. 84-188, 14 Claims 
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2,229,759 
6.9 VOICING PANEL 


Valentine J. Mohler, assignor to Central Commercial 
Company. 
January 28, 1941, U.S.P.O. Cl. 84—1.11, 2 Claims. 


2,220,350 


6.9 SOUND REPRODUCING SYSTEM FOR 
MUSICAL INSTRUMENTS 


Ellison S. Purrington, assignor to John Hays Hammond, 
Jr. 
November 5, 1940, U.S.P.O. Cl. 179-1, 5 Claims. 


2,221,188 


6.9 ELECTRICAL MUSICAL INSTRUMENT 
Laurens Hammond and Herbert E. Meinema, assignors 
to Hammond Instrument Company. 
November 12, 1940, U.S.P.O. Cl. 84~1.24, 17 Claims. 
This invention relates in particular to improved swell or 
intensity control circuits in electrical musical instruments. 


2,224,729 


6.9 ELECTRICAL MUSICAL INSTRUMENT 
Laurens Hammond. 
December 10, 1940, U.S.P.O. Cl. 84-1.26, 18 Claims. 
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Mr. Hammond states that the primary object of this 
invention is to improve the attack and decay character- 
istics of the tones of the electric organ (prior patent 
No. 1,956,350, granted April 24, 1934). The inventor 
further states, ‘‘a further object is to provide an electrical 
musical instrument in which some of the tones have a 
substantially rectangular intensity envelope while others 
have envelopes in which the intensity of the tone increases 
gradually upon depression of the key, and upon the 
release of the key decays gradually.” 


2,227,068 


6.9 ELECTRICAL MUSICAL INSTRUMENT 


Westley F. Curtis, assignor by mesne assignments to 
Hammond Instrument Company. 
December 31, 1940, U.S.P.O. Cl. 84-1.19, 12 Claims. 
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2,221,097 
6.9 MUSICAL INSTRUMENT 


James A. Koehl, assignor to Central Commercial Company. 
November 12, 1940, U.S.P.O. Cl. 84—1.18, 12 Claims. 


2,225,299 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


Galam W. Demuth, assignor to Radio Corporation of 
America. 
December 17, 1940, U.S.P.O. Cl. 179-109, 8 Claims. 


2,221,814 


6.9 MUSICAL INSTRUMENT 
Ebenezer E. Reid. 
November 19, 1940, U.S.P.O. Cl. 84-1.17, 12 Claims. 


2,229,755 
6.9 ELECTRICAL MUSICAL INSTRUMENT 


James Manatt, assignor to Central Commercial Company. 
January 28, 1941, U.S.P.O. Cl. 84-1.17, 7 Claims. 


2,229,386 
7.7 SUCTION SILENCER FOR INTERNAL 
COMBUSTION ENGINES 


Frank Newton. 
January 21, 1941, U.S.P.O. Cl. 181-51, 5 Claims. 


2,229,913 


7.7 SILENCER 


Joseph G. Blanchard, London, England. 
January 28, 1941, U.S.P.O. Cl. 181-56, 9 Claims. 


2,229,672 


7.7 MUFFLER 
Carl F. Rauen. 
January 28, 1941, U.S.P.O. Cl. 181-48, 21 Claims. 


A. ERF 


2,229,119 


7.7 VENTURI SILENCER 


W. M. Nichols, A. C. Cavileer, P. M. Kochensperger and 
Geo. Aue, assignors to American Locomotive Company. 
January 21, 1941, U.S.P.O. Cl. 181-47, 3 Claims. 


2,220,866 
7.7 EXHAUST SILENCER 


Gunnar Jensen and Walter H. Powers, assignors to 
Walker Manufacturing Company. 
November 5, 1940, U.S.P.O. Cl. 181-48, 16 Claims. 





The muffler here described is designed to attenuate the 
objectionable harmonics of the firing frequency of an 
internal combustion engine. The construction is particu- 
larly designed to attenuate the second harmonic at the 
lower speeds and the first harmonic at the higher speeds 
without high back pressure. 


2,226,571 


11.7 VIBRATION NEUTRALIZER 


Raymond T. McGoldrick. 
December 31, 1940, U.S.P.O. Cl. 188-1, 11 Claims. 


This invention relates to means for improving the 
operation of devices generally known as dynamic vibration 
absorbers or vibration neutralizers. 
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How to Use This Index 


HIS Index is of similar form to the Cumulative Index 

of this journal, published in November, 1939, and is 
composed of two main divisions: The Author Index and 
the Subject Index. 

The Subject Index to Volume 12 of The Journal of the 
Acoustical Society of America lists the titles of all the papers 
and abstracts under ten section headings as follows: 1, 
Acoustical Society of America; 2, Architectural Acoustics; 
3, Books and Bibliographies; 4, Ear and Hearing; 5, 
Applied Acoustics. Instruments and Apparatus; 6, Musical 
Instruments and Music; 7, Noise; 9, Speech and Singing; 
10, Supersonics; 11, Waves and Vibrations. Each of these 
sections is further divided into a considerable number of 
decimally numbered subjects, which are listed below under 
the heading, ‘Classification of Subjects.’’ Each subject is 
divided into three parts entitled Papers, Subtitles, and 
Abstracts. Under Papers will be found the original titles of 
all the papers appearing in the journal on that subject. 
Under Abstracts are listed the titles of the papers presented 
at meetings. Since a great amount of valuable material 
appears in the journal in papers whose titles cannot fully 
describe all the subjects which the papers cover, many of 
the subtitles of papers have been indexed under the heading 
Subtitles. When subtitles covering the material did not 
appear in the paper, they were written; the captions of 
some of the figures were also included under this heading. 
Thus, while the Subtitles portion of the Index is informal, 
it is hoped that it will increase the probability of finding 
the desired information quickly. 


References on most subjects can be located immediately 
by a logical use of the Classification of Subjects below. 
In case the reference sought is of an unusual character 
such that there is uncertainty as to the subject under 
which it might have been classified, this can usually be 
found quite quickly by the process of eliminating the 
sections and subjects under which it is quite improbable 
that it might have been listed. In case of doubt, a title 
has often been listed under a number of subjects. As an 
example of the direct approach, suppose you wish to find 
data on the impedance of hair felt. On looking over the 
section headings it is seen that this comes under the heading 
Architectural Acoustics, and Subject, Measured Sound 
Absorption Coefficients. Under Subtitles we find a reference 
to hair felt, and on looking up this paper we find it entitled 
“Variable Boundary Impedance for Room Acoustics In- 
vestigations,” which title of itself would not have suggested 
the presence of data on hair felt, thus demonstrating the 
value of having the index of Subtitles. 

Obviously, the Author Index is more convenient than 
the Subject Index when one knows the name of the author 
of the paper in which he is interested. 

The References to Contemporary Papers on Acoustics 
are identified in each issue by the same decimal numbers 
listed below, and may be consulted for references in other 
journals than our own. In Volume 12 these references will 
be found on pages 214, 313, 452 and 535. 


Classification of Subjects 


Page in 
this Index 
1. Acoustical Society of America 


1.1 General, Unclassified 546 
1.2 Constitution and By-Laws 546 
1.5 Acoustical Society News 546 
1.6 Members and Membership Lists 546 


2. Architectural Acoustics 


2.1 General, Unclassified 546 
2.2 Auditorium Design (see also 7.6) 546 
2.4 Sound Absorption, Theory and Methods 


of Measurement (see also 2.5 and 2.7) 546 
2.5 Measured Sound Absorption Coefficients 


(see also 2.4) 546 
2.7 Reverberation, Theory and Calculation 
of (see also 2.4, 2.9 and 2.10) 547 


2.9 Sound Transmission, Theory and Meth- 
ods of Measurement (see also 2.7 and 


2.10) 547 
2.10 Measurement of Sound Transmission 
(see also 2.7 and 2.9) 547 


Page in 
this Index 


3. Books and Bibliographies 


3.1 Book Reviews 547 
3.2 Bibliographies 547 


4. Ear and Hearing 


4.1 General, Unclassified 547 
4.4 Deafness 547 
4.5 Instruments Relating to Hearing 548 
4.6 Loudness. Threshold Determinations 548 
4.7. Masking 548 
4.10 Subjective Tones 548 
4.11 Theories of Hearing 548 


5. Applied Acoustics, Instruments and Apparatus 


5.1 General, Unclassified 548 
5.3 Acoustical Impedance Measurement (see 
also 11.4) 548 
5.4 Analyzers and Filters. Acoustic Filters. 
Oscillographs (see also 5.15) 548 
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5.7 Frequency Standards. Frequency Meas- 7. Noise 
uring and Recording Instruments 548 7.1 General, Unclassified (see also 5.15) 551 

5.8 Loudspeakers. Horns (see also 5.13 and 7.4 City Noise 551 
5.17) 548 7.5 Frequency Analyses of Noise 551 

5.9 Microphones, Vibration Microphones, 7.6 Noise in Buildings 551 
and Microphone Calibration Equip- 7.7. Machinery Noise 551 
ment 549 

5.10 Navigational Instruments. Depth and 9. Speech and Singing 
Altitude Finding Instruments. Geo- 9.1. General, Unclassified 55 
physical Prospecting. Under-Water 9.8 Speech Power. Singing Voice Power 551 
Sound. Submarine Detectors 549 

5.11 Oscillators 549 10. Supersonics (Ultrasonics) 

5.13 Public Address Systems and Sound Pic- 10.1 General, Unclassified 551 
ture Installations (see also 5.8 and 10.2 Light Affected by Supersonic Waves 551 
5.16) : 549 10.4 Gases, Supersonic Velocities, Dispersion, 

5.14 Rayleigh Disks 549 and Absorption (see also 11.3) 551 

5.15 Sound Level Meters. Level Recorders. 10.5 Liquids, Supersonic Velocities, Disper- 
Sound Pressure Measurement (see also sion, and Absorption 552 
5.4 and 7.1) 549 10.6 Solids, Supersonic Velocities, Dispersion, 

5.16 Sound Recording and Reproducing (see and Absorption 552 
also 5.13) 550 10.7. Physical Effects of Supersonic Waves 552 

5.17 Telephone Receivers (see also 5.8) 550 

11. Waves and Vibrations 
6. Musical Instruments and Music 11.3 Propagation of Sound. Absorption dur- 

6.1 General, Unclassified 550 ing Propagation. Velocity of Sound 

6.3 Brass 550 (see also 10.4) 552 

6.5 Organs (see also 6.9) 550 11.4 Radiation from Vibrating Objects. 

6.6 Pianos 550 Acoustical Impedance. Mechanical 

6.7 Violin Family 550 Impedanc (see also 5.3) 552 

6.8 Wood Winds 550 11.5 Sounds of Finite Amplitude 552 

6.9 Electronic Musical Instruments (see 11.6 Sound Transmission Through Tubes 552 
also 6.5) 551 11.7 Theory of Waves and Vibrating Systems 552 
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10.5 Liquids, Supersonic Velocities, Dispersion, and Ab- 
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